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IPNext Exterior (Front View)

1) POWERLED, 3)FXOLED

Front View
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2) LANO,1 LED

1) FastEthernet(Wan), 2) Console. 3)FXOO0

Parts of Rear Side
1) Power Switch \

1) Power, 2)FastEthernet(Lan) 3)USB 4)FXO1

Rear Side
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Major Features of IPNext

Major Features of |IP—Next

Features Contents
* Voice Mail
« Call Parking
» Call Pickup

Telephony and | . call Forwarding

Segnce * Auto Attendant

Features « Calling Number and Name Identification
« Call Transfer — Blind, Consult by Softkey
« Call Waiting Indication Call Swapping by Softkey
« Call Hold by Softkey
» Conference Control (internal/external MCU)
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Major Features of IPNext

Features Contents
Advanced
Features « with AddPac IP phone, Video Phone, etc
with AddPac IP | « Plug and Play with Auto Discovery Function (SSCP)
phone, » Softkey Map Download and Control (SSCP)

Video Phone, etc | | 1iq and Date Setting

« SIP Application Server, Proxy, Registrar and Location Server(RFC3261)

IP-PBX  Multiple ITSP Trunk with SIP & H.323 Account Support
Signaling - IP UA Client Role for Registering to ITSP SIP Server
Protocols - H.323 Gatekeeper Client Role for Registering to ITSP H.323

Gatekeeper Server
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Major Features of IPNext

Features Contents
IVR(Interactiv | « Default Auto Attendant Support
e Voice « IVR Function
Respgc: nse) - Provides with GUI-based Smart IVR Scenario Editor
Auto - Upload/Download Scenario by Smart IVR Scenario Editor
Attendant - Supports Multiple Concurrent Scenarios

- Support Recordable IVR Prompts

» Support Voice Mail with IVR
Voice Mail  Access from Remote Site via Trunk Support
* Voice Mail Notification Support

» Ad-Hoc Conference

* Dial-Out Conference

* Meet-me Conference

* Multiple External MCU Support (Video, Audio, etc) : AP-MC1000

Conference
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Major Features of IPNext

Features Contents

Music & * Music on Hold
Announcement | « Replaceable Announcements
* Dialing Music/Tone Service

IP-PBX User
&  Auto Discovery of IP Phones & IP Video Phones
Device « Monitoring Status of Phones

Management
IP-PBX -
Miscellaneous Auto Conflg & Upgrade

. » Personal Directory (Smart Messenger)

Function

* IPv4/IPv6 Dual Stack

* Management Routing

Basic Routing - Telnet, FTP, TFTP, SNMP, Syslog support
- Packet filtering (Access-list)

- Static Routing
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Major Features of IPNext

Features Contents
» Standard SNMP Agent (MIB v2) Support
Network : :
* Traffic Queuing
Management _
* Remote Management using Console, Telnet.
_ » Standard & Extended IP Access List
Security : o
. » Enable/Disable for Specific Protocols
Functions

» Auto-disconnect for Telnet/Console Sessions

AddPac Technology Proprietary &



Major Features of IPNext

Features Contents
» System Performance Analysis for Process, CPU, Connection I/F
_  Configuration Backup & Restore for APOS Managements
Operation » System Booting and Auto-rebooting with Watchdog Feature
Management » System Managements with Data Logging
« IP Traffic Statistics with Accounting
* Debugging command
* DHCP Server/Client
Other * Network Address Translation (NAT) Function
Scalability * Port Address Translation (PAT) Function
Features « Cisco Style Command Line Interface(CLI)
* Network time Protocol(NTP) Support
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Hardware Features of IPNext

Details Contents
CPU » High Performance RISC Integrated Host Processor
Main Memory * 128Mbyte SDRAM
Memory Flash Memory * 512Mbyte
SDRAM Memory |+ 512Kbyte Flash Memory
LANO Port * One(1) Ethernet 10/100Mbps Fast Ethernet
LAN Interface LAN1 Port *One(1) Ethernet 10/100Mbps Fast Ethernet

Console Port *One(1) RS-232C Interface for CLI
*None (Model A)
«2-Port FXO Voice Interface (2 * RJ11)(Model B)

* Power Requirement: Power VAC 110~220 VAC, 50/60Hz, 5V 3A
CI)DSG\:ArIZtrifn » Operating Temperature: 0°C ~ 50°C (32° ~ 122°F)
Environments | Storage Temperature: -40°C ~ +85°C (-40° ~ +185°F)
* Relative Humidity: 5% ~ 95% (Non-condensing)

PSTN Interface FXO Port

Dimensions [« 38(H) * 182(W) * 182(D)

Weight * 0.46 Kg
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NAT router

(.................
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addpac propriety IPNext

SMM message

Major Functions

* IP-Next Registration all setups related to user.
* IP-Next all setups related to service

* IP-Next status review

* IP-Next message trace
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Smart Multimedia Manager

Smart Multimedia Manager

Category Sub-Category Description of Functions
Administration | Advanced mode Display Mode for setting up all the functions of IP-PBX
Mode
Easy mode Mode for Setting up only Basic Functions of IP PBX
Event Real Time Monitoring for the Monitoring Function for Enabled Calls at the present time
monitoring Call being Processed
Real Time message Trace Real Time Message Tracing Function for Calls Being Processed at the Present
Time
Message logging Storing and restoring Functions for Calls being Processed (filtering function)
Redundancy Active-Active The structure allowing Two IP-PBX’s to provision service simultaneously
Active-Standby The structure allowing one of two IP PBX’s become master and the other one
become disbled
Terminal SSCP The terminal using AddPac Specific Terminal Control Protocol. AP-IP-XXX, AP-
Registration VP-XXX series come under this sub- category
Generic SIP terminal Supporting linking protocol of SSCP and general SIP terminal or SIP gateway with
Multiple Ports
SIP Trunk Trunk Gateway or Service Provider's SIP server for interoperability with PSTN
network outside
IP V6 IP Version 4
V4 IP Version 6
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Smart Multimedia Manager

Category

Sub-Category

Functional Description

Codec Class

codec list by group

Each codec class can be set to each group

Device Profile

In case of SSCP terminal,

Reference can be made for SSCP terminal after common options
are grouped and a profile is created

user General

Account Administrator Account/password admin account which can access to SMM
register/delete
Subscriber account/password register/ access account for Smart Messenger or voice mail
delete
Device Phone User assigning telephone numbers to subscribers
Management

Detailed information on telephone subscriber (one’s real name,
subscriber id, password and others)

Terminal General

Setup and binding of profile/partition/VolP Protocol for telephone
subscribers

Trunk Gateway

General

Setup and binding of location/device profile/partition/VolP Protocol
for Trunk gateway

routing pattern

Routing pattern input(Digit map)

Call Control

Call priority / authority / MRBT/CID...

SIP Proxy Server

General

location/device profile/partition/RTP Proxy/Network domain/SIP
ID/password/DTMF relay method and other setups

Register (option)

Register Phone number
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Smart Multimedia Manager

Category Subcategory Functional Description
MCU Local MCU Registering Local MCU
Remote MCU Registering Remote MCU
Auto Upgrade Auto Upgrade Server Assigning auto upgrade server outside or IP PBX
Option Auto upgrade group/URL/server position/ access information (id/password) and
others.

Call Policy pick-up Setup for enabling direct pickup in the same group only for pick-up group
partition Used for setting ranks for outgoing calls of each group/ subscriber
Partition access list Used for setting ranks of outgoing calls of each group/ subscriber
Number Translation Rule Registering patter list of change in number
Routing group Routing Tag for Trunk interface
Routing List Routing pattern list to be applied to Routing Group
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Initial Setting

1. Basic configuration(CLI)

2. LdapClient set up(CLI)
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Baud rate 9600
No parity
1 stop bit

No flow control COM port
console

Serial port : IPNext

Default login account/password : root/router

Command of change Root account password
IP-PBX> enable
IP-PBX# config t
IP-PBX(config)# no username root
IP-PBX(config)# username root password addpac administrator

% Caution: After no username is set and rebooted, the root account disappears and remote access
becomes impossible. The only way to access is automatic login, the authority at this time is
administrator

% Must save after setup.
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Installation guide for IPNext

* Booting messages in IPNext(via console)

System Bootstrap, Version 1.2

Decompressing the image:
B OK]

?System Boot Loader, Version 5.1.6

Copyright (c) by AddPac Technology Co., Ltd. Since 1999.

[DUAL-BOOQT] Start application (0xbd000000)...

System Bootstrap, Version 1.2
Decompressing the image:
P R R

AddPac IP-PBX Series (IPNext_G2)

32BIT RISC Processor With 125MHz Clock
128 Mbytes System Memory.

512 Kbytes System Boot Flash Memory

32 Mbytes System Flash Memory

1 RS232 Serial Console Interface

Press RETURN to get started.
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Basic configuration

. Connect IPNext

Welcome, APOS(tm) Kernel Version 8.Xx.XXX.
Copyright (c) 1999-2008 AddPac Technology Co., Ltd.

Login: root (Login ID)
Password:****** (Default login Password : router)
IP-PBX>

e Set hostname

IP-PBX> enable

IP-PBX# configure terminal

IP-PBX(config)# hostname <Name> (set Hostname )
IP-PBX(config)#

e Set Server Clock

IP-PBX> enable

IP-PBX# configure terminal

IP-PBX(config)# clock time <Year><Month><Day><Hour><Minute><Second> (set clock)
IP-PBX(config)# clock time 2010 03 15 15 28 45

IP-PBX(config)#
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Basic configuration

. Set Interface IP

IP-PBX> enable

IP-PBX# configure terminal

IP-PBX(config)# interface FastEthernet 0/0

IP-PBX(config)# ip address <IP Address> <Subnetmask> (Set ip address)

Example)
IP-PBX(config)# ip address 172.17.109.200 255.255.0.0

- Set Gateway

IP-PBX> enable

IP-PBX# configure terminal

IP-PBX(config)# ip route <Destination Network IP> <Wildcard Mask><Gateway IP> (set Gateway ‘s ip)
IP-PBX(config)#

Example)
IP-PBX(config)# ip route 0.0.0.0 0.0.0.0172.17.1.1
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LdapClient set up(CLI)

 Necessary configuration for running Smart Multimedia Manager(WEB)

IP-PBX#

IP-PBX# configure terminal
IP-PBX(config)#ip tcp keep-alive count 5
IP-PBX(config)# ip tcp keep-alive idle 30
IP-PBX(config)# ip tcp keep-alive interval 5

IP-PBX(config)# no http authentication
IP-PBX(config)# http document-root /hd

IP-PBX(config)# Idapclient
IP-PBX(config-ldapclient)# name IPNext <€ This name will be display in SmartClient
IP-PBX(config-ldapclient)# host 127.0.0.1 389 Set host IP(local loopback) + 389 (port)
IP-PBX(config-ldapclient)# Idap enable
IP-PBX(config-ldapclient)# end
IP-PBX#

IP-PBX(config)# network-domain interface ip FastEthernet 0/0 domain public
IP-PBX(config)# network-domain interface ip FastEthernet 0/1 domain private

* FastEthernet 0/0 set Public IP with “Public "domain name
FastEthernet 0/1 set Private IP with “Private” domain name for terminal which have Public IP and
Private.
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User’s Registration

1) Creating Subscriber’s Extension Numbers

2) Creating Subscriber’s Extension Users

3) Opening of Subscriber’s Terminals

4) Registering Subscriber’s Terminal

5) Trunk Setup(including Service Provider’s signaling server )

6) Number Routing table
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4 The Procedure for Registering Subscribers

L] L4 i
> a2y

Creating New Subscriber Numbers (Phone Number)

Registering to Subscriber Terminal (Terminal)

Assigning Subscriber Numbers to Subscriber Terminal

Creating Trunk (inbound/outbound SIP Server or TG)

Setting up for Number Routing Map

Confirming Registration and Testing Calls

\
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SMM Login

The Main Page
http://172.17.109.201 via explorer
“Click” lcon Click

N

IP Next Web-Based Multimedia Management

CUCR

ID : root

__—"| Password : router

;;;;;;

IP Next Web-Based Multimedia Management
userio [ [
passwordl [

Login Setting E /ﬁ @ e

Server Port <ldap defaul port: 383>

It can change server port using Setting button

& -1 R A BVerien TR T g 17211002019 Quront(oen - it

If you changed port, need to change IPNext also (via CLI) =
SMM Main Page
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http://172.17.109.201/
http://172.17.109.201/

Smart Multimedia Manager Operation

Creating New Subscriber Numbers (Overview of Creating New Extension Number Bands)

IPNext Series can create a highly sophisticated and flexible numeric system which are suitable to any client’s organizational

structure and operational policy.
Let’s create the extension numbers for an imaginary client's company organizational structure which can be

described below:

1. Each division will have 3 different extension
numbers from X001 to X103

2. Each division of employees use VP-300’s which
are accommodated by IPNext

3. The operator allocates the numbers created for

VP-300’s which are accommodated by IPNext

3. Creating the new extension numbers

AP-VP300N

2. Requesting gxtension numbers

SMM

(Smart Multimedia Manager)

1. The new extension numbers are_created

AP-IPNext

AddPac Technology



« Select Add Phone number menu
3. Input Start number and End number

= [fo PBX(17217.109.201:38] Phone Number
[ B System Management 1. Add Phone Number

dah Smart Directory Management Filter

El User_Management Filter Hame Ruyle “Word
& Device Management d :
@ FaLlt b anagemnert |Ph0ne MHumber V| |$glns with v| |
Elﬂ@ Call Management

: System
=8, Configuration Add Phone Number

=] Dial Plan

Q Partition General | Inbound || Outhound || Call Forwarding || Unified Melsage || Relational Informati0n|
----- Partition Access List

_ Generation ‘V‘
igit Map Phone Mumber |

B P s RengeNunber | 1000 -~ 100d l
R Routing List Increment 1
lD::> Mumber Tranzlation Rule
Translation Pattem
l::> Inbound Access Rule
ﬁ Automatic Alernate RoutinglAAR) Group Extemal Phone Number | |

E-5@ 0o & CAC AAR Group |NHA v| E dit
44 Region )
@ Location Recarding Group |N,-’A v| Edit

i Location Group Address Pool | default N |
= Codec Class

Audio Codec
% ideo Codec
[—ij Supplementany Service
=€ Hunt Group

G+ Pickup Group
----- §n Park Address Pool

----- Park Group 2. Selecj Range Option

g Attendant Queue Ok Cancel

BE Advanced Service
E’J Address Poaol 7

Description | |

4, Push “OK” button for create numbers
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User Group Create
- Create user Group for management.

PE: [172.17.109.201:323)

{_j Syztem hManagement

v 4ok Srnart Directory Management
=@ User Managemert
M Adrinistratars
=-E8 Phone Users [4

@@ Devices [11]

_» Device Pool

El Device Profile

-8 Manitaring

J@ Fault b anagement

H-@E Call Management

+-gf% Conference Management
J--& Presence Management
tedia Management

Unified b ezzaging Management
Call Recording Management
IR Management

Location |.-"

Filker

Add Organization

Qrganization MName

Description

Adjust Organization Order

Mame

Tupe

Ok

| [_ Cancel
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1. Create User information

* Mandatory field

2. Assign phone number for each User
Select the number for user

Last Name
User ID
User Password

Voice Mail Password

using find button

P User Properties

&l Phane Mumber | Messenger |

First Mame
Title:

Description

User ID

User Password

Home Phone Mo,
Muobile Phone Mo,

E-ail

Voice Mail Pagsward I|****

Junha Last Mame

eng\neer

|th00

|""

|EIEI 333-4444

|DDD 11-2z22

|lest@lest com

B User Properties

Filter

Filter Name

3. Set Nick name which will use in Smart Messenger

1000
1001
1002
1003
1004
1005
1008
1007
1008
1009
1010
1011
1oe
1013
1014

| 4 Dighs Number)|

| General | Phone Mumber | Messenger |

Phone Humber

4+ ¥
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A basic testing for call connection can be performed as to allocate the created number sources previously to 5units
of AP-VP300N

Each IP phone can be set up by each separate IP and temporary setup files can be used for the basic setup
Please refer to the next page for more details of setting up IP Phone.

Requesting® ‘ Reques:mg Requestlng Requestlng F%gquesting
regi§traﬁon reglsnatlon reglstfatlon reglstratlon regLstration

P’

o

S L A

Production Technical Support

Business Administration R&D Sales
X1000 X2000 X3000 X5000 X6000
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AP-VP300N setting

«  Setup AP-VP300N

1) Go to network menu -> Internet
select IPv4(DHCP, Static, PPPOE) or IPv6(Static, EUI-64, Auto Configuration)

2) Go to network menu -> SSCP
Input IPNext(Master)’s IP-address in Call-manager 1 field
change option of SSCP setup(off => on)

3) Go to network menu -> Presence -> Presence Server
input IPNext’s IP-address in Presence Server 1 field
input “5051” in Server1 port

4) Go to network menu -> Presence -> Presence Setup
input User ID, User password then set Presence Enable to “On”
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AP-VP300N Button information

reating New Subscriber Numbers (testing call connection between extension numbers-
Setting up AP-VP300N by using OSD)

Description for Overall Key Features of AP-VP300N

No. Keys Features
: 9 2 1 SpeedDial Brini f d dial
eedDia rining a menu for speed dia
| ] 2l (1) p g p
B g e F3 F4 ® ) F1~F4 When you use Phone Book or Speed Dial, these functions are assigned to
(N w—) \—®1 — ©?) the touch screen, which is located in the lower part of the screen.
@ 3) INFO While on the line, you can select whether to display information
=
LLJ LZﬂCJ Lafd @ @ 4) Number Dialing by using remote control. Used for entering each value of setup of
e [ ™ ] [ o ] 8 - © Key OSD menu
T o e (5) Hook Flash | Hold key for headset or speaker phone during phone conversation
|7Pns||8mv||gwxv| < [Ii Rau -
- . (6) Camera Used for turning on/off the camera screen
[ = .
LU Uﬂ ’JF_J % @] Privacy While on the line, the other person is not able to see you
U =) 00 (8) Menu Brining OSD main menu
@ < @ ® (9) | Cancel Used for moving to a higher category in OSD menu.
@ ® ® @) (20) | call Used for brining call history from the latest and calling by pressing number
keys
(11) | #7], OK | Checking and moving with in OSD menus or adjusting camera movement
(12) | END To end on line call
(13) | View Changing conversation view/ remote view/ local view while on the line
(14) | Absence Used during the user’s absence (to be released)
(15) | Voice Mail To listen to voice mail (to be released)
(16) | HDP Call For using headset
(17) | SPK Call To use imbedded speaker phone
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AP-VP300N OSD setting

Creating New Subscriber Numbers (testing call connection between extension numbers-
Setting up AP-VP3 00 by using OSD)

1) Entering <Main Menu> by pressing menu key

2) Moving to <Network> by using direction key.

3) Moving to <Internet> by using direction key(left, right) Pressing “OK”
key to enter <Internet> sub-menu

Phonebook Tool Box

P
N

-

P -

Network Applications Remote Setuy

*

Internet
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AP-VP300N OSD setting

Creating New Subscriber Numbers (testing call connection between extension numbers-
Setting up AP-VP3 00 by using OSD)

1) Moving to <SSCP Setup> by using direction key
2) Pressing OK key to enter <SSCP Setup> sub-menu

Phonebook Tool Box AV Setup

P
/

\~.

=

- TE

Network Applications Remot

-

%

yrade SSCP Setup Presencs
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s AP-VP300N OSD setting

Creating New Subscriber Numbers (testing call connection between extension numbers-
Setting up AP-VP3 00 by using OSD

1. Pressing ‘1’ to change to ‘release’ from <SSCP setup>

2. After moving to <Call-managerl>, IP addresses of Call-Manager (IP-PBX) can be
entered.

3. After returning to <SSCP setup>, ‘setup’ can be changed by pressing ‘1’

4. Completing <SSCO Setup> by pressing ‘OK’ key

SSCP Setup 11111 Tue 17 39 % ‘ SSCP Setup 11111 Tue 16:40

EB SSCP Setup (1] SSCP Setup

Call-manager 1 p) Call - manager 1

Call-manager 2 Call-manager 2
Call manager 3 Call-manager 3
Call -manager 4 Call-manager ¢

Call manager 5 Call manager 5
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VA AP-VP300N OSD setting

Creating New Subscriber Numbers (testing call connection between extension numbers-
Setting up AP-VP3 00 by using

configure terminal
osd
sscp enable
sscp
call-manager 1 10.1.1.1 5060

SSCP Setup 11111 Tue 17 39 % ‘ SSCP Setup 11111 Tue 16:40

EB SSCP Setup (1] SSCP Setup

Call-manager 1 p) Call - manager 1

Call manager 2 Call-manager :
Call-manager 3 Call-manager 3
Call -manager 4 Call-manager ¢

Call manager 5 Call manager 5
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SMM - Device Management

1. You can request to register those terminals, which has been set up, to IPNext.
2. You can make reference of this registration by entering ‘Device Management > Terminals’ which is shown below:

= [f& PEX(172.17.109.200:389)

{j System Management

-4k Smart Directony Managemert
5| User Management

Devi

Location |f ‘ "

aoy Orgarization (0) | B Server(5) | @ Turk (1) \ & Teminal (3) ]

Device Pool

Filter
Device Profile .
E Manitaring Filter Mame Fiule Word Adwanced Search
= @ Fault M anagement ‘ Device Mame v| |beg\ns with v| | | Find Full Search
% Ewent Configuration
B Ewent Manitoring
- El Fault Histary i
2@ Call Management =3 Tt MR E= T voe Idodel ersion Stay IE Address Ehone Murber Caltanzger Device Pool Description |
2 @ System autoregdd IP-Fhone APVP300 846.010  Registered 17217.109.36 master defauilt I
Y Call Marager Cluster T atoredal TPFRere PR TIEOT0 Pegstered LEATALE VAL ) Thasten E2ED
H o7 Call Manager Preference . autoreg52 IP-Fhone APYPISOMCU 843042 Urregistered 1721711385 default
BQ};, Corfiguration . autoreg3 IP-Phone AP-P300 846010 Registered 03110 1002 master defauilt
=) % Dial Plan ‘teslﬁunreg |P-Phane AP-P300 Unregistersd 1002 default
O Partition . autoregB1 IP-Fhone APYPISOMCU 8.37.025  Registered 101.1.13 1003 master default
4, Pattition Access List A =utoreges IP-Phone APSMPI00 1.05000  Urregistered 172171091 1005
€T Phone Hurmber & autoregE? IP-Phone APSMP100 105000  Urregstered 17217109252 1004

2 \ﬁ Phane Mumber Digit bap
@5 Routing Pattern
% Routing Group

Routing List
F:; Mumber Translation Fule

Translation Pattern

l::> Inbound Access Rule
E Automatic Alternate Routing(@AR ) Group
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SMM - Device Management

If you double- click “Terminal Name’ you can see the window of ‘Terminal Properties’ opens up as it is shown

below:

From ‘General’ tab, the basic setup can be made for naming the terminal and automatic registration.
After the setup is made in the screen below, you may double-click ‘Phone Number’ for assigning the numbers.

=[5 PEX (172.17.109.200.389)
3 System Management
~dah Smart Directory Management
{5 User Management
T s tlanagenen
-
+. Device Pool
[El Device Profile
88 Moritaring
= @ Fault Management
= a E vent Configuration
~-B] Event Monitoring
B2 Fault Histary
=-BE Call Management
= @ Spstem
- i':} Call Manager Cluster
- L:T Call Manager Preference
[=-#y Configuration
- Dial Plan
@ Parttion
e Partition Access List
? Phore Mumber
h \ﬁ Phane Mumber Digit Map
-5 Routing Pattein
t Routing Group
Routing List
I::> Number Translation Rule
Translation Pattem
H I::> Inbound Access Rule
: B3 Autornatic Altermate Routing[AR) Group
5@ Qo5 & CAC
- LE Supplementam Service
i Advanced Service

¥ Monitoring
% Histary
Ml Statistics & Report

A Conference Management

& Presence Management
- ¥ Media Management

§ Unified Messaaing Management

% Cal Recording Management
-2 WA Management

Devices

Location ‘r’

| &

|;:-|\, Organization [0] " [l Server[s) ”= Trurk (1] ‘ ‘ Terminal (5] I

Filter

Filter Hame

Device Wame

Terminal Properties

General Phone Numher” Ring ‘

&dvanced Search

Teminal Hame

1 autoreqsd
‘auluregEU
1 autoregsz
‘auluregﬂ
‘test_unreg
‘auluregET
I autorears
‘auluregET

Full Search

| Find

Terminal Mame | |autoregdd

ke Number

Description

Model Type IP Phone

Madel Mame AP-VP300

Device Pool |deteult > Edi
Location |N’fA ‘Selezt
Device Profile [detault ~ i
Partion Access List |M/4 e

Signaling Protocol 3IP

AR Parthion Access List  [W/A wlEg

v

MAC Address |EIEID2adad,adad

2} 0002, adff feff

Auto Registration

IP Yersion 1Pd

P address [T7e.17.1095
Signaling Port 5060
Metwork Domain | Public

RTP Proxy Required

Call Manager
master
master

master

master

Dewice Pool - Description
default
default
default
default
default
default
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1.

[

The designated port of the terminal can be selected, then the number sources can be referenced by a double-

click.

Joy PBX (17217.109.200:389)
Li System Management

A Smart Directory Management
B User Management

= Device Management

. Device Poal
Device Profile
E tdanitaring
= % Fault Management
% Event Configuration
B Event Monitoring
-3 Fault Histary
Call Management
B spstem
™ Call Manager Cluster
H Call Manager Preference
=) #, Configuration

E] ﬁ Dial Plan
- Partitian
e, Patition Access List
€7 Phone Number
@ Phare Mumber Digit M ap
i Routing Pattern
t Routing Group

Routing List
--&} Mumber Translation Fule
Translation Pattern

{:5 Inbound Access Rule

-l oS & CAC

Lﬁ Supplementan Service
-5 Advanced Service

¢ Monitoring

H I% History

£ Wl Statistics & Report

[]--A Conference Management
EJ--& Fresence Management

Media Management
Unified Messaging Management
W Call Recording Management

¥R Management

)

Devices

Location |t" | ‘t

| 5!} Organization (0]

Bl Sever(s] | & Tk () | @ Teminalle) ]

B Autornatic Altemate Foutingl&AR) Group

Filter

Filter Name Advsnced Search

| Find Full Search

Terminal Properties

General | Phone Number | Ring |

Select port and click assignment button or double click,

Device Mame

Temninal Mame

= Mumber Call Manager Device Pool | Description

‘autoregélﬁ Part Phone Number master default
& autoregs0 master default
Y autoreg5? default
M autores3 raster default
‘test_unrag default

autoreghl i rnaster default
- Double Click
A autores?
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1.

SMM - Device Management

Selecting the number to be assigned to a designated terminal as it is shown in the picture below:

M Ascignment Phone Number

Filker [] Use only when authenticate by terminal 1D
Filter M ame Rule word Advanced Search .
| Phione Murmber L | | beginz with | » | | | [ Find ]
Terminal Pazzward |:|
Port -1

Phone Murmber Selected Phone Mumber
Phone Hurmber  Partition e Mumber Partitian Idzer
test_1 woo jurha
1001
1002 test 1
1003 test_1 333333 .
1004 test_2 1004 10... Nufnber Assignment
1005 test_2 1005 10...
1006 o
1007 test_2 =S
1008 test_3 2282 22
1009 test_3
1010 test_3 w
[ 0k ] [ Cancel

Supporting list
for recently
subscribed numbers

The number to be
assigned to a
designated terminal
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SMM - Device Management

1. Confirming the assigned number as it is shown in the picture below
2. Through the procedure of confirmation (authorization granted) by the operator, the designated number can be
set automatically to IP Phone

PEX [172.17.103.200:389] Devices
Systemn Management

Smart Directory Management Location |f’ ‘ i
(-5 User Management
=g Device Managemenl ‘5:-* (Organization (0] ” [El Sewer(5) ” @ Trurk (1] | & Teminal (8] l

@ Devices [12]

< Device Pool Filter

[El Device Profile

[ Monitoring Filter Name o al Properties |§ Advanced Search

5B Jotoro phastiet o
By Evenl Configuration Ganaral| Phane Murnber I Ring |

B Event Monitoring
B Fault Histary

Select port and click assianment button or double click,

Terminal Narme: = Mumber Call Manager Device Paol Description
=B CallManagement
o [ System A autoreg43 Port Phaone Numhber master default
2™ Call Manager Cluster A autorenfn 1 1000 master default
437 Call Manager Preference & autoregs2 default
= Configuration ‘autmeg§3 master default
B@ Dial Flan Clesl_unrsg default
- Patition A autoregh master default
A Partition dcecess List c’ autoreff
€7 Phone Number 0§ aucregs? Update

‘@ Phane Mumber Digit Map
-3 Routing Pattem
; ! Fouting Group \ ? J Do you want to update dewice to apply the changes?

Routing List

2% Mumber Transation Fiule I DT
ﬁ Translation Pattern = =
2

Inbound Access Rule

Automatic Altemate B outing[8AR) Group
g (oS & CAC

Lﬁ Supplementam Service

-G Advanced Semvice

Maonitoring
I% History
i Statistics & Report
e ﬁ Conference b anagament
[ af Presence Management
M3 Media M anagement
Unified b egzaging Management
g Call Recording bManagement
VR Management
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SMM - Device Management

1. After finishing assignment to the designated terminal as it is shown in the picture below, it completes the process
of registering the terminal.

= PEA (17217.109.201:389) Devices
System Management
A Smart Directory Management Laocation ‘f | ‘

[#-B5 User Management
g Device Management
@@ Devices [12]

|5!-g, Organization (0] g Server 5] "E Trunk (1) |‘ Temninal (8] \

. Device Pool Filker
[l Device Profile .
E Moritaring Filter Mame Rule whord Advanced Search

EJ--@ Fault Management |Devic:e Name v| |begins with V| ‘ | Find Full Search

[#-@E Call Management
- &g Corference Management

@ MCUs Teminal Mame: Tupe Model ersion Stahy 1P &ddre: Phane Mumber Call Manager Device Pool | Desciiption
5, Corfiguration Help_Desk IP-Phone APAP300 846010 Registered 17217.109.36 1000 default |
] @ Media Class Tech_lunha IP-Phone APVP300 846010 Urregstered  17217.703.210° 1007 default

s Conference Rooms ‘Factory_Daeyo .. |P-Phone APYPIEOMCU 843042 Unregistered 1721711385 default
df Schedule ‘HD_James |F-Phone APAVPA00 846010  Registered 101110 1008 default
B--E Manitaring ‘test_unreg IP-Phane APAVP3I00 Unregistered 1002 default

H ﬁ" Conference Service Monitoring cTest_Steven |P-Phane APYPIEOMCU 837025 Registered 101113 1003 default
gllg, Active Canferences W avtoregfs IP-Phone AP-SMP100 1.05000  Unregistered  17217.109.1 1005

D"& Presence Management ‘autoregB? IP-Phang AP-SMP100 108000  Urregistered 17217109262 1004
- W8 Media Management

§ Urified Messaging Management

4 Call Recording Management
IVF M anagement
=2 System
@@ VR Server
-y VR Server Cluster
5, Configuration
IvF Scenario
IvF Service
i Moritoring
; @" IR Service Monitoring
{3 VR Session Manitoring

=2
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SMM - Trunk

Trunk Gateway is an equipment to take the call, in case the inside user makes an outgoing call. IPNext can be used as
an inbound Call Manager, making an outgoing call to outside by other equipment (VolP, PSTN) is possible after
registration to Trunk Gateway. For making an outgoing call or taking an incoming call, the setup of Trunk Gateway
is mandatory. Routing Pattern needs to be set up for fixing the telephone number to be dialed for the user to be
connected with the external terminal. In general, when you want to exit to outside, you may press the number 9
and this is one of the cases. The picture below shows the screen and registration information for Trunk Gateway to

work.
= B Fex 721710320389
[ {j System Management
e A Smart Directory Management Location |/
@5 User Management
=g Device Management |ﬁ!} Organization (0) " El Server[5) ‘ @@ Trunk (0] |‘ Terminal [3) |
i@ Devices [11]
4 v Device Poal Device Mame fadel Status |P Address Keepdlive = Device Pool Call Manager Description
[l Device Profile
[ E tanitoring

[—--ﬁ Fault M anagement
% Ewent Configuration
B Event Monitoring

ﬁ Fault History
= B Call Management Add Trunk Gateway
ER SIystem Add H.323 Gatekeeper
£ _% Call Manager Cluster
137 Call Manager Preference el Bl ey Elemer
[=)-#, Configuration
= Dial Plan Mave
@ Patition Delete
A Partition Access List Reset
7 Phane Mumber
\ﬂ Phane Mumber Digit bMap Rt A
@5 Rouling Pattern Telnet
! Routing Group o
Fiouling List Call Statistice 3
{23 Mumber Tranzlation Rule Froperties
Translation Pattem
l::> Inbound Access Rule

@@ Automatic Altemate Routing{AAR) Group
[ L@ OoS & CAC
[# Lﬁ Supplementan Service

- Advanced Service
[+-1#® Manitaring

&~ Histary

-4l Statistics & Report

- #flg Corference Management
E: & Fresence Management

- M Media Management

-#4% Call Recording tanagement
IR Management

§ Unified tessaging Management

£
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SMM - Trunk

Add a New Trunk Gateway

G

B
®)
o)

® Device Mame |

@ Dezcription |

| Routing Pattern | Call Cantral || Failed Call Redirection |

Ref.

Description

@ Device Pool

Loczation

M etwark, D'omain
IP Werzion

IP Address

Signaling Protocal

Signaling Port

@ @@ QPO ®

DTHF Relay

@ K.eep Alive Method

K.eep Alive Timeout

Iz Music On Hald
] Mortel Hald Method
] RTF Prasy Required

| default b |ﬂ
M |Select
| public w |
P v|
| |
SIP v|
5050 |
Fitp-2633 v|
Disable v|

<10-86400 sec>

Registering a name of Trunk Gateway .

Registering a description of Trunk Gateway

Selecting ‘Device Pool’ (Basically set to default)

Selecting ‘Location’ (basically no setup is provided)

Selecting ‘Network Domain’ for Call Manager

Selecting IP version

Registering ‘IP Address’

Selecting VolIP protocol

©| o N| o g A W N =

Entering a designated port for VolP protocol

=
o

Setting up a type of ‘DTMF-Relay’ to be transmitted to Trunk
-Transmitting DTMF based on Rtp-2833 : RFC-2833 standards
-In-band: Transmitting DTMF tone through RTP

-Transmitting DTMF by using SIP INFO, H.245 Signal

11

Keep Alive Method Option

-Disable : don’t check Trunk Gateway status

-Register : check Trunk Gateway’s status using SIP REGISTER
messages from Trunk Gateway

-Option : check Trunk Gateway’s status using SIP REGISTER messages
from Trunk Gateway

12

This is a setup to provide MOG for the terminal requesting hold

,_ Ok J[ Cancel ]

13

This is a set to provide MOH for interoperability with Nortel’s soft switch

14

This is a setup by force, for using RTP Proxy while the telephone is on
the line
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SMM - Trunk

Ref. Description
| General | Fiouting Pattern |; L3l Conral | Failed Call Fiedirestion| 1 Selecting Partition Access List for setting up authorization of inbound call.
Inbicund Call 2 Selecting Partition Access List for setting up AAR(Automatic Alternate Routing)
@ Partition Access List | M8, w | E dit 3 Setting up priority for inbound call
(2) 44 Pantiion Access List |NJA v| Edi 4 Selecting Inbound Access Rule for setting up authorization of inbound call rejection
@Eall Pricrity |4 v| using calling number pattern
@Inb-:.und Aecess Bule |NJA v| Edit 5 Applying Translation Rule for outgoing and incoming call numbers to change
number for inbound call.
® Number Translation on Incoming Call 6 Selecting an option of provisioning MRBT(Ring Back Tone) for inbound call
Lelleslmboizs |NM "’| Edit 7 Selecting an option of presenting a number of outgoing call to outbound call
Calling Mumber |NJA v| E dit Default: Default setting of Call Manager (by following Call Manager Cluster >

Options > Calling Party Presentation)
Allowed: Presenting my number to the other

@I:I MRET on Incoming Call Restricted : Not displaying my number to the other
8 Setting up a number of outgoing call by force (ie.: Representative Number)
Dutbound Call 9 Setting for don’t generate CDR information, when you use more than 2 IP-PBX as
|Defau|t v| Trunk, don’t generate outbound call for each Trunk(IP-PBX) (if you don’t set this

@ Calling Party Prezentation

| | option, the user’s can be charged both of IP-PBX)

Caller 1D DM
|:| 10 Setting up an option for whether Trunk is to interoperate with outbound
@ Do Mot Generate COR

Euternal Device

>
©

[ Ok ] [ Cancel
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SMM - Trunk

SMM-Device Management-Trunk Gateway- Registering Information of Failed Call Redirection

Add a New Trunk Gateway, E Ref Description
| General | Routing Patteen | Cal C'm"':"l Falled Ll Rediection \— 1 Set for Failed Call Redirection (SIP 302 Moved Temporary) function
() [C¥faled Cal Hediection
2 Set IP-address for IP-PBX get happen Failed Call Redirection Messages to
Target Server [P | @ | transfer
Tl S B Eeri 3 Set Server’s port information when IP-PBX send Redirection calll
BIETHEESO 4 Set redirection function using specific reason

Server Failure [52)

Global Failure (B3]
Forbidden [403)

MHat Found [404]

Temporary Unavailable [430]
Incomplete Address [484)
Buzy [48E]

L Ok H_ Cancel ]
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SMM - Trunk(example)

- ) System Management
& Sman Directory Management

. General Tab 3 User Meragement oty L
o s —— e CAEN [
1 & D Padl
a . I n p ut DeV| Ce N am e = sz:zz P.ODOME Devics Name Hodsl Status 1P Address Kesp
g
. . . T Fauit Managemen
b . S e | e Ct N etWO r k D omain (P u b I IC / P r|Vate) B CallManagement eneral’| Routing Patter | jall Cortol | Failed Call Redieciion|

& Conference Management
£l Presence Management P,
- It depend on T/G’s IP address. B e £ '
c. SetlIP-address
d. Select Signaling Protocol(SIP / H.323)

% Cal Recording Management

{55 Unified Messaging Management Description
IV Management

Diffice Pool default ¥ | Edt

cation Select

Netwark Deomain
IPVersion

/| IP Address

Signaling Frotocol SIP

« Call Control Tab
a. Inbound Call T N
I.  Select Number Translation(lIncoming call) ‘7"\|| H
b. Outbound Call —— g | ||

AAR Partition Ancess List NZA M| Edit

. . Call Priority 4 v
|. Calling party presentation or Caller ID DN 3 s

Mumber Translation on Incoming Call

Called Nurher Edil

Calling Mumber NA& | Edit

@

0 < | <10-86400 sec>

[] MRBT an Incoming Call

Outbround Cal
Calling Paty Presentation Default Vi
Caler D DN L 1

[] Do Mot Generate COR

Extenal Device
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SMM - Trunk

This is a function to register SIP Proxy Server for interoperating with the other SIP Proxy Server in outbound.
For example, when an outgoing call is made by registering a company telephone number to SIP Proxy Server,
this function can be set up to enable the call which has been registered to SIP Proxy Server.

+ Lj Systemn Management
A Smart Directory Management
-85 Uszer Management

=& Device r:danagement |5!3 Organization [ " El Semer (5) | &@ Trunk (1] |‘ Termninal (7] |
@@ Devices [12]

Locatiar | /

Device Pool Device Mame todel Status IP Address Keep alive | Device Poal Call kManager Description

[l Device Profile @ Test TG Trunk Gateway  Static 17217109205 M/A default
E Ianitoring

EJ---@ Fault Managemeart
#-@E Call Management

=gl Conference Management
B@ System

5, Configuration
: @ Media Class Add Trunk Gateway

i Conference Rooms Add H.323 Gatekeeper

sChEdLﬂE Add SIP Proxy Server
tonitoring

: Conference Service Monitoring
gl Active Conferences

EJ--& Presence Management Diliziz
‘? tdedia M anagement Reset
§ Urified kMeszzaging M anagement

hove

= Refresh F5
----- y Call Recording Management

=& VR Management
=@ System o

@@ VR Server Call Statistics 3

e iﬂ' IR Server Cluster Properties

%, Configuration

; I%F Scenario

¥R Service

I onitoring

‘f“ IR Service Monitaring

Telnet
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SMM - Trunk

SMM-Device Management-SIP Ref. Description
. . 1 . .
Proxy Genera| Reg|strat|on Registering a name of SIP Proxy Server
2 Registering a description of SIP Proxy Server
© A e Bl Pruy S 3 Selecting ‘Device Pool’ (Basically set to default)
 Gerera | Routing Pattem | Phane Number | CallContal| Faied Cal Redrection 4 Selecting ‘Location’
5 . .
e | | Registering SIP User Name
(@ Desciptan | 6 Registering SIP password
: 7 Registering ‘Local Domain’.
@evice Paal Edt SIP Prosy Server List 5
(@)waim M 304 Selecting ‘Network Domain’.
:I Na | Addes Fat 9 Setting up a type of ‘DTMF-Relay’ to be transmitted to Trunk
(BBIP Usei Neme -Transmitting DTMF based on Rtp-2833 : RFC-2833 standards
(BFIP Passuord : -In-band: Transmitting DTMF tone through RTP
-Transmitting DTMF by using SIP INFO, H.245 Signal.
@.ocaIDoma\n I:I 10 } e
. IP address and protocol list of SIP Proxy Server can be set up and priority level can
(& Netwotk Domain publc W placed

(QPTHF Felsy Rtp-2833 v &= —
@EQiStETEHDireTimeout (1086400 sec) 7

The setup value of Register Expire time to be used for registering SIP Proxy Server

This is a setup by force, for RTP Proxy to be used while telephone is on line.

(1201 TP Froty Renpired 13 Using local host name instead of domain name of Proxy Server for registration:
(T3J) U Lol Hostrame ot Fegeted Do Hare To : 7000@local hostname From : 7000@local hostname
Use Ussmame at Registered User Infomation 14 Registering username instead of the number e164 for the information to be registered to
@ Ulse Music On Hald Proxy Ser."er . . . .
N To : jschoi@172.16.32.40 From : jschoi@172.16.32.40 Contact : jschoi@172.16.32.70
ortel Hold Methor
Regite 15 This is a setup to provide MOH for hold request from a terminal
A This is a set up to provide MOH for interoperability with Nortel soft switch
B This a set up whether to ‘Register’ or not for the Phone Number to be registered to

Proxy Server
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SMM - Trunk

= Add a New SIP Proxy Server

Ref. Description
| Gerera| Routg Patm| Phons Nurke | Cal Corl Faed CalRedieoton 1 The list of telephone numbers which are not registered to SIP Pro
i u whi i Xy
(Al Server
Filter Mame Rule “wiord Advanced Search
PheneNumber | | begins vt~ | | | G 2 The list of telephone numbers to be registered to SIP Proxy Server
e®User Name: Registering user name for the telephone number to be
Register Infarmation authorized
: Password: Registering password for the telephone number to be
Mumber Type ) Mumber Usger Hame = Pagsword Status authenticated
o0ss Service 1000 UnRegistered . )
1000 Phone Addre 1001 @ UnRegistered @ Status: status of registering the telephone number
1001 Phone éddre
1002 Phone &ddre
1002 Phone &ddre —
100 Phone Addre
10 Fhone Addre
1006 Phone Addie ||y Address Numnber
1007 Phone dddre — |
1008 Phore Addie | |8 User Name | |
1009 Phane Addre User Password | |
1010 Fhone Addre
1011 Fhone Addre
mz2 Phone éddre L Ok ] [ Cancel
1mas Phone dddre
104 Phone Addre
15 Phone Addre
1016 Fhone Addre
M7 Plema dddra 1
< il | 3

L Ok ] [ Cancel
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SMM - Trunk

[¥ Add a New SIP Proxy Server

PR Ref. Description
| General || Rauting Pattem || Phaone Humber E il Eontml Failed Call Fiedirection
1 Selecting Partition Access List for authority setup for inbound call
Inbaund Cal
Oy — m A v Edt 2 Setting up priority level for the inbound call
el 4 v - - — -
Call Priry | @ | 3 Selecting Inbound Access Rule for setting up authorization of inbound
Inbound Access Rule |N£A Q) V| Edit call rejection using calling number pattern
Murnber Tranislation o Incoming Call @ 4 Applying Translation Rule to outgoing and incoming call numbers to
change the number for the inbound call.
CaledNumber | N/& v| Edi
Calling Nurmber |NxA vl Edit 5 Selecting an option of presenting a number of outgoing call to outbound

call

Default: Default setting of Call Manager (by following Call Manager
Cluster > Options > Calling Party Presentation)

Outbaund Cal Allowed: Presenting my number to the other

Restricted : Not displaying my number to the other

Calling Party Prezentation | Default @ v |
Caller ID DN | ®) |
(@) [Use Pssertedidentity Headsr 6 Setting up a number of outgoing call by force (ie.: Representative
CID Use FromHeadsr Number)
E”t&fﬁl St 7 Setting up whether to use P-Asserted-ldentity header or not
8 Setting up whether to use P-Asserted-ldentity in SIP From header field
9 Setting up whether Trunk is to interoperate with outbound or not

[ Ok ] l Cancel
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SMM - Trunk

[ Add a New SIP Proxy Server MEE Re Description
| General || Routing Pattem || Phaone Mumber || Call Contral | Failed Call Redirection | f.
1 Set for Failed Call Redirection (SIP 302 Moved Temporary) function
(1) [ Falled Cal Fedrection
Target SemverlP | @ 2 Set IP-address for IP-PBX get happen Failed Call Redirection Messages
Target Server Port @ to transfer
T @ 3 Set Server’s port information when IP-PBX send Redirection call
Server Failure (54<)
Global Faiure [E44) 4 Set redirection function using specific reason

Farbidder (403)

Mt Found [404]

Temporary Unavailable [420)
Incomplete Address (424)
Buzy [48E]

L Ok ] [ Cancel
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SMM - Routing Pattern

{j Spstem Management
-4 Smart Directory Management
B User Management

* Ad d RO Utl n g Patte rn ';5 Device Management
_'ls Faul Managemert Routing Pattern <[0-9#=]1 11, TF>
% Event Corfiguration

I - =
Add Route Pattern |§‘

—_ i - B Event Maonitaring Description |
Input routing pattern 8 Erin | |
. . =-BE Call Management Partition Edit
* Lind line & B Sytem Trunk/Rouing List Edi
(=& Configuiation
: =[] Dial Plan AAR Group Edit
® M O b I I e Q Partitior
iy Patition Aecess List . . .
N T ” @7 Phane Number Murnber Translation on Qutgoing Call Routing Mode
O i Map Called Murnber Edit (%) Preference
° I nternational e Fouing Group Calling Number | M/4 ~|| Edit (O Sequential
= Fouting List
~[Z% Murber Translation Fiul
. Et E T;n;;ﬁ;a;z;;n . Display Narne Presentation
C l::> Inbound Access Fule
S I T k B3 Automatic Alremate Routing[44R) Group
- elect Trun % oo
~Ef] Supplementary Service
; G Advanced Service [] Provide Outside Dial Tane
— Select number translation rule * B oo D Emergoncy
£ Wl Statistics & Report [] Block this Pattern
-#fs Corference Management
& Presence Management
. . . - Media Management
«  Provide outside Dial Tone e

— If client want to use out-side dial-tone which provide(Sip-server or G/K) need to check.
*  Block this Pattern

— Set this routing pattern for blocking

— Users can'’t use this routing pattern
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SMM - Number Translation Rule

. Create Number Translation rule

Add Translation Hule

Add Translation rule
a. |nput name Input Matched Pattern | |
A Substituted Pattern | |
b. Add translation rule
I.  Input Matched Pattern (a condition) Lo I Nca”':e' l
[I.  Substituted Pattern(a result)

EX) = ?@ F’BX [172.17.103.201:389)
I n put Matched Pattern [2-9]T g gﬁ;ﬁ%r;?:gﬂ:::;gemenl Mo | Mumber Translation Rul \nput Matched Pattern Substituted Pattern

Number Translation Ruie

. ra Device Management Add Translation Rule ‘Y‘
Substituted Pattern 02%01%99 8 oo
[ swstem Marne “ \ ‘
= %-%ng?:;‘;ﬁ: Description ‘ \ ‘
@) Partition

- da Partition Access List /7 Mumber Translation Rules

Userinput - outpu G e
2345 -> 022345 a3 Fouting Patlem
1234 -> 1234

Mo | Input Matched Pattern bstituted Pattern

E t Routing Group

B |
oo Tramslation Patterm
Inbound Access Rule
B Automatic Alemate FloutingltAR) Group
L@ QoS & Car
(£l Supplementary Service
i Advanced Service

T = no limitation(All number) S e

¢l Statistics & Report

2 Conference Management
— . - . " P ! ik
= single digit (any number) § Tty

[] = range )
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SMM - Number Translation Rule

Create Translation Pattern
a. Input Translation pattern

b. Select number translation (can select translation rule before you made it)

|.  Called Number
lI.  Calling Number

Translation rule can set both of
Called Number / Calling Number

it can edit Translation rule using
“Edit”

= ?@ PE: [172.17.109.201:389)
[ Lj Sypstem Management
e Smart Directory Management
-85 User Managemert
#-&3 Device Management
[+ @ Fault Management
=-@E Call Management
- System
= #%, Configuration
=] Dial Plan
-5 Partiton
- da Partition Access List
7 Phone Mumber
\g Phone Murnber Digit Map
#5 Routing Pattern
t Flouting Group
Fiouting List

Translation Pattern

Translation Pattern (-9

Number Translation Properties

Name

Description [

Number Translation Rules

1

A\

Mo Input Matched Pattern Substituted Pattern
[2-81T 02701259

Description test

Partition MAA

0=

Partition Access List |N/'6'

Murnber Translation

Called Murnber

Mumber Translation Fule
Translation Pattern
5 Inbound Accsss Fule

B Automatic Altemate Bouting([4R) Group
g QoS & CAC
[ Lﬁ Supplementary Service
-5 Advanced Service
¢ ¥ Monitaring
J-I% Histary
o4l Statistics & Repart

- Conference Managsment

[ & Presence Management

v] Edf

Calling Murnber | M8

v| Edit

[] Pravide Outside Dial Tane
[] Emergency
[ Block this Pattern

[ ok

| [ Cancel
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SMM - Test call

Make Test call
Video-Phone(AP-VP300N) with Video
Conference Terminals(AP-VC5000) ,
Smart Communicator with Video-Phone
AP-VP300N with PSTN, etc.

(.................)

)
o
=

)
;

s
AP-VC5000 AP-VC5000 AP-SMP1000 AP-VP300N AP-VP300N AP212

N
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SMM - Setups for Additional Call

Services(IPNext)

« Additional Call Services
— Hunt Group
— Pickup Group
— Park
— Park Group
— Music Announcement
— Auto Attendant
— Service Code
— Day Template
— Monitoring
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SMM - Hunt Group

Hunt Group — Priority Level - Overview

Hunt Group is a function to take a call, basing on a level of priority placed on members of this group, when the call is made to
a specific and representative number. While some of the members’ lines can be busy or during their absence, the call
can be delivered according to the following level of priority:

A call is sent from 1001 to 2000.

2. The number 2000, as the number of Hunt Group 2000, it consists of each member of the numbers, 2001, 2002, 2003.
Among these number, the call is delivered first to the number with the highest level of priority which is the number
2001

When the number 2001 is busy or absent, the call can be delivered to the 2002

When the number 2002 is busy or absent, the call is to be delivered to 2003

When the number 2003 is still busy or absent, the call can not be delivered and is to be terminated.

=

ok ow
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SMM - Hunt Group

Set Hunt Group

Carrying out ‘Call Management>Supplementary Service>Hunt Group>Add Hunt Group’ of SMM Menu
Creating an inbound group number of Tech_Hunt (Hunt Group Number 1099 )
Setting ‘Hunt Mode’ to ‘Preference’, ‘Simultaneous’, ‘Random’.

Selecting the extension number of the subject group by choosing a tab of ‘Phone Number’.
Checking whether the call is processed in the order of the setup by dialing from 1001 to 1003.

imultaneous
Random

(® Hunt Properties

A N

= ?@ PEx [172.17.103.201:389]
Lj System Management —

& Smart Directory Management Mo, Hunt Group Mumber Partition Mode
- User Management
&3 Device Management

Hunt Group

Description

8 Hunt Properties

X

= S Fault Management T ‘General || Fhone Rumber ;
General | General |; f
- B Event Configurstion Phone Number|
B Event Monitoring / Filter
Fault Histon
.ﬂ@ﬁm‘anagem;t Hunt Group Humber 1099 / | Fiter Mame Rule Word Advanced Search
O System Description [Tech_Hunt / | Phone Hurber |~ [begins wih | Find
=& Configuration
0 Dial Plan Address Pool default v
3 005 & CAC Partition e 5 Phane Nurber Fane Hurber K
= Lj polementam S ervice Fhone M...  Partition | User Partition | User
flunthoce [Ertorence ] T
e+ Pickup Group Hunt Group Chain N/A vl Edit test_1 wao junha
~-§w Park Address Pool test_1
- Fre Pak Group test_1 33333333
~-p Attendant Queue [] Anply Call Diversion Setting of Member
B Advanced Service
) Address Pool
Music & Announcement Service
i Auto Attendant Service
-t Unified Messaging Service
€ Service Code
E Dray Template
Schedulz Template — Ok Cancel
B ks [ % ]
- History
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SMM - Pickup Group

Overview of Pickup Group

This is an enhanced function from ‘Call Pickup’ of the same group, which serves to pick up a call for the other group.
When a call came to the other group, you can pick up a by pressing ‘Pickup’ button.
The number for ‘Pickup’ must be created differently from the user number

1. A call is made from 1001 to 2001.
2. Call Manager takes the message, then send it to 2001

3. When the bell rings on 2001, you can press ‘Group Pickup’ from 3002 (2001 and 3002 are different members of
‘Pickup Group to each other’.

4. 1001 is connected to 3002.

Pickup
Group 1

IP 300N
1001

IP 300N
1002

‘\(3) Group
Pickup ~

/ J (0]
IP 300N
2001 IP 300N
i o 3001
Pickup IP 300N G ,
Group 2 2002 Pickup
IP 300N Group 3

3001
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SMM - Pickup Group

Carrying out Call Management>Supplementary Service>Pickup Group>Add Pickup Group of SMM Menu.
Creating a group extension number of Technical Support division as ‘Pickup Group Number 2999’
Selecting an extension number of the subject group from the tab of ‘Phone Number’.

Completing the setup, then dialing from 1000 to 6000

Checking the response on 1000 by calling 6999 from an extension number 2000

ok wbdPE

B G P [17217.109.201:389) Pickup Group

{j Sustern Management

& S Divectony Mansgenert Mo | Pickup Group Name Pickup Mumber Fartitian Descriptio
€51 User Management

i® Pickup Group Properties [ [# Pickup Group Properties |7\
g Device Management o
= U Faut Managerent Teneral?| Phone Number| | General [[PRare Nimbar:

= a Ewent Configuration

Bl Event Manitoring

Fault Histary f Tech_pickup
-ﬂ@E"ManagEmEnl Pickup Group Name | ‘ Filter Name Rule word Advanced Search

@ System Description ‘ Phone Mumber | | begins wit | Find
=8, Configuration 290
-] Dial Plan Pickup Mumber _

@ QoS & CAC

Filker

Parition Edit Phone Number Seis r'hone Number
= Eﬁc‘SEpp\ementary Service Fhone N. Partition  User || Phone M... _ Partition | User
~GCH 1000 test_1 woo junha 2000
o Pi 1001 test_1 - 200
-y Paik Address Poal 100z test_1 L 2002
. ..°? Park Gioup 1003 test 1 33333333 2003
s m oy e (@
= 5 Advanced Service 1008 = =
1 Address Pool 1007 test 2
-5 Music & Announcement Service 1008 test 3 2222 2222
B Autg Attendant Service 1009 test 3
Urified Messaging Service 1ma test 3 s
£ Service Code
A Day Template
. Schedule Templats

Ok C |
8 ponias ’ o ]

Histary
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SMM - Park Address Pool

Call Park-Overview of Park Address Pool

This function is useful in a situation of which you may need to move to one place to another during phone conversation.
During phone conversation, you may press ‘Call Park’ key, the ‘Park’ number is notified, then the line is off the line.
Then you can take the call from the place to where you move and the call is sent to the ‘Park’ number, your last call is
connected.

1001 and 2001 are on the line.

2001 pushes ‘Park’ key (1001 listens to a sound on hold while waiting)
Call Manager informs the ‘Park’ number.

After moving to 1002, you can press the ‘Park’ number

The call is connected to 1001.

AN

=~ @\

. <€— (1)Conversaton ——» ;
A ~_ £ )
@ MoH_ o g

arking
IP 300N \ W IP 300N
1001 (8) Parking 2001

_~ Adress 8000

\ - .

(5) Group Park

N (4) Parkeg-Calll |
IPNext 50 N’
IP 300N IP 300N
1001 2002
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SMM - Park Address Pool

Call Park-Park Address Pool-Setup

Selecting ‘Call Management>Supplementary Service>Park Address Pool’.
Selecting Add Park and setting up ‘Park Number’.
Making a call from1000 to 6000.

6000 reposes to the call then pressing ‘Park Number’, then pressing ‘Park Number’ from the other
seat and connecting to 1000.

= PE [172.17.109.201:384) Park Address Pool

Lj Syztemn Management " .
ﬂ Smart Directary Management M. Park MNumber Partition Descriptian

- @ User Management Park Properties |§|
5 Device Management L
-5 Fault Management
=B Call Maragement Park Murnber |m | <[0-91[1>
@[ System Partition test_] v || Edit

=4 Configuration
[ Dial Plan
-5 QoS & CAC Description | |
= Supplementarny Service

L€ H.uanrDuD L Ol J [ Cancel l
-+ Pickup Group

% Park Address Pool |
-~ % Park Group

=&§l Attendant Queue

Hwn e

&ddress Pool | default 2l
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SMM - Park Group

Call Park-Overview of Park Address Pool

This function is useful in a situation of which you may need to move to one place to another during phone conversation.
During phone conversation, you may press ‘Call Park’ key, the ‘Park’ number is notified, then the line is off the line.
Then you can take the call from the place to where you move and the call is sent to the ‘Park’ number, your last call is
connected.

1.

ok wbpd

1001 and 2001 are on the line

2001 pushes ‘Group Park’ key (1001 listens to a sound on hold while waiting)
Call Manager informs to all and each terminals included in the group

After moving to a seat, you can choose ‘Group Park’, then pick up.

The line connected to 1001.

®
N’ <€— (1)Conversaton ——» .
W < “
IP 300N
2001
(4) Parked Calll

1P 300N
1001

(5) Group Park

IPNext50 (1) parked Call

(4) Parked Calll

IP 300N IP 300N
1001 2002
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SMM - Park Group

Call Park — Park Group -Setup

1. ‘Call Management>Supplementary Service>Park Group’
2. Setting ‘Park Group Name’ by choosing Add Park Group
3. Selecting the phone to be registered to ‘Park Group’.

=6 PEM [172.17.109.201:389) Park Group
Lj System Management

-da Smart Directory M anagsment Mo. | Park Group Name Description
E ESE[MTSEQEWV“ [# Park Group Properties \ E]B] iE| Park Group Properties
EVICE anagEmEnl

@ Fault Management
=-BE Call Management

{| Phone Mumber | Genera

[ System Filter
=& Configuration Pk G Meme |Tech_5upp ‘
ﬁ Dial Plan

‘ Filter Name Rule Yford Advanced Search

Phare Mumber v| |beg\ns with v| | | Find

@ Ho5 &CAC Description |
I:E Supplementary Service
¢ Hurt Group

Phone M.. Partition | User Phone ... Partition | User
1000 test 1 woo junha
5 Advanced Service 13312 ::zH i
‘% Monitaring 1003 lest_1 3333 3333
Histary S
Ml Statistics & Report -
-gfa, Confersnce Management s
& Presence b anagement
- W% Media Management
= Unified Messaging Management
§ Call Recording Management

VR Management
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SMM - Music & Announcement

This is a setup to enable/disable MoH (Music on Hold), messages of voice guide and dial tone policy.
The following service is shown in the picture below as to be carried out (Call Management > Advanced
Service > Music & Announcement Service) .

Music & Announcement : Ref. Description
Erable Misc & Bnnauncemen; 1 Enabling or disabling Music & Announcement Service. When the
. .
service is connected, Dial Tone can be furnished by Codec from
@ Codec (G711 ulaw vl IPNext200.
(3) Frame per Packet 2 Selecting Codec which can be suitable to VolP environment

(G.711a, G.711u, G.729)

@ Dial-tone Palicy |L0|:al Dialtane v|

3 Setting a number of frames for each packet
@ Play announcement when call fail

4 Setting a policy of dial tone which can be applied to SSCP
[ Ok |[ Cencel supporting IP Phone. o . '

-Local Dial tone: Furnishing dial tone from IP phone during Hook
off
-Remote Dial tone: Furnishing dial tone from Call Manager during
Hook off
-Local + Remote Dial tone: Dial Tone can furnished form IP Phone
during Hook Off and replacing the dial tone by the one which is
furnished from Call Manager

5 -Enabling or disabling Announcement when call fail.

AddPac Technology



SMM - Auto Attendant

As a process which is used in a general office environment, this is a service which allows you to listen
to introduction of company by using IVR service, to make a call by entering a designated extension
number and when you do not know the extension, you may press ‘0’ to be connected to information
desk.

A simple type of IVR service, which is provided at default, is presented in here and for more complex
type of IVR service can be used by IVR Editor which is used for editing the scenario.

The following service can be carried out (Call Management > Advanced Service > Auto Attendant
Service) , as it is shown in the picture below.

Auto Attendant Service

Ref. Description
1) [v] Efiable siits Atendart '
1 Enabling or disabling Auto Attendant Service
(2) twto Attendant Number 11999 | 2 Setting up the telephone numbers for Auto Attendant Service
() Partition [N/ | Edit ) — -
3 Selecting ‘Partition’ (options)
@ Codec |G, 711 ulaw v|
@ Frame per Packet 4 Selecting the audio codec which is to be used in Auto Attendant Service.
The supporting codec is G.711A/llaw and G.729
@ Operator Mumber |1UU1 |
5 Setting a number of frames for each port
[ Ok [ Cancel 6 Setting up a designated extension number for when ‘0" is entered from
Auto Attendant Service
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SMM - Voice Mail

This service configures the settings for allowing the registered use, to the IPNext, to listen to the message at any
time and any where, when the user is away from the phone or busy on the line.

The service can be performed by locating Call Management > Configuration > Advanced Service > Unified Messaging

Service as it is shown in the following figure.

Unified Messaging Service

Enable Unified Meszaing Service ®

Retrieving ®

Unified Meszsaging Service Mumber |EBB5 |
Partition M A w | Edit

Retrieving [Mo Authentication) @
Unified Messaging Service Mumber |5555 |

Partition I At o Edi

Leaving @

Unified Messaging 5ervice Mumber |EBB? |

Partition M A % | Edit
dudio Codee () |6.711 ulaw v|
Video Codec  (§) |MPEG# v|

Frame per Packet @

[ Ok ][ Cancel ]

Ref. Description

1 Enable or disable the Unified Messaging Service

2 Configure the phone numbers and partition for connecting to the message box.

3 Configure the phone numbers and partition for connecting to the user’s
message box without authenticating the extension number.

4 Configure the leaving phone number and partition for the Unified Messaging
service.

5 Choose the option for audio codec to be used for the Unified Messaging
service
G.711A/Ulaw and G.729 are the supporting codec.

6 Choose the option for video codec to be used for the Unified Messaging
services
MPEG4, H.263, H.263+ and H.264 are the supporting codec.

7 Set the number of frames for each Packet
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SMM - Service Code

Service Code Configuration can assign 2 digit numbers at maximum starting from ‘# or ', sets up the supplementary
service numbers, which are supported from IPNext. This configuration enables/ disables the supplementary service
and more useful to the terminals not supported by SSCP, than the IP phone using Softkey which is supported by SSCP

{8 Service Code B3 L.
EEX Ref. Description
(et Pak [l v 1 Set up the code for
(2l Pickup ERE | 2 Set up the code for Call Pickup
(B)pirect CallPickup ERAL = 3 Set up a call to the code which does not belong to the same group for Call Pickup
(@)l Rejectibsercs] Activation ) O 4 Set up the code for the phone user’s absence
(B! et 105 Hot Distrt Activaton [+ [ &P & 5 Set up the code for rejecting the incoming call
(B)Fa! Reiect Deactivalion L# vl; :IE :| 6 Deactivating the code from Call Reject (Absence and Do not Distub)
()-alaitng Activation I“ = :2 = :1 'I 7 Set up the code to activate Call Waiting
il At # ¥ £ - —
a"w""“”g Deactivalion r = af E 8 Set up the code to deactivate Call Waiting
I hd w v . - -, .
(QFFna Al Register e 9 Set up the code to register the forwarding number unconditionally
({O)Fwd Allto VM Register [+ s 2 = - - -
_ F v} 2P 3 10 Set up the code to register the forwarding number for the busy line
@CFwd Buzy Register . i . . T N
_ f ~F 2P 3 11 Set up the code to register the forwarding number during the phone user’s
@:Fwd Modnswer Register X i
f ~p 2P & absence
({BFna Carcel |2 Cancel the code for Call Forwardi
- 7 3P 3 ancel the code for Call Forwarding

Fwd Al Activation |ﬂ V| > 34 - - —

1t Al Deathoaion W ~p 2F 3 13 Set up the code to activate Call Forwarding unconditionally
(5F o T Al = 14 Set up the code to deactivate forwarding unconditionally

Fwd Buszy Activation |ﬂ vl ) I 2 | 15 - - -
()P By Dascivatin [« ~pF 2 = Set up the code for CaII_Forwardlng when _the line is busy _

ol e Aol [ >3 2B 2 A Set up the code to deactivate Call Forwarding when the busy line
(G Notinswer Deactivaion [# P B 2 B Set up the code to activate Call Forwarding when the phone user is absent
(©)es Regiter [# =]+ 20 3 C Set up the code to deactivate Call Forwarding for absence
(F)xces Cance [# =+ 2" 3 D Set up the code to deactivate Call Forwarding for absence

E Set up CCBS
I Ok ] [ Cancel ]
F Cancel CCBS
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SMM - Monitorin

. Monitoring
— Call Service Monitoring
— Active Call Monitoring < B Pex2 17 e 0n e

System Monitoring - Call Managers

System Hanagement & master (17217109201 | &y test_echication (172 17108 200 |
_ . . & 5t Dieoton, Management master test_education (172.17.109.200)
Ca" Trace Mon Itorlng Bl User Management Call Infarmation

& Device Management
5 Fault Management

g Cal Terminal Terminal Register History
all Management
Active Call Active Call History

p Attendant Queue Monitoring

LE Higtary

Ml Statistics & Report
-&fa Conference Management
& Presence Management

M3 Media Management

Call Service Monitoring

= [ PEX[17217.109.201:389) Trace Monitoring
P System Management
[ System Information [] Pause
o Metork - )
< Senice Datelime Collld/. | ColType/.. | CalStste?.. CallStateCaus.. | CalingParyNu.. | IPAdd. | Celing. | Called.. [IPAdd. Caled
e voios Line NovB163634  sip E from 101110
L S Horito MovB163434  sip 200 0K o 101110 5060
ystem Honloring MowB16:3434  ssep S5CP to 10.1.1.10 5060
& Smart Directory Management Mow B1E:3434  ssep ssCP o 101,110 5080
) User Management NovB163434 83 Mormalcal  Discannected  Nomal 1008 101110 woajun.. 1000 17217... waojun..
& Device Management NovB163434  sscp gscP o 1721710938 5060
@ Fault Maragemert MNow B 16:34:34 s3C0 SSCP to 172.17.109.36 G0B0
2 Call Management NovB1E3434 s BYE to 17217.109.38 50E0
0 Spetem MovB183434  sip 200 0K from 1721710835 5060
8 Configuition MovB163435  sip BYE from 101113 5070
~ MovB163435  sip 200 0K 0 101113 5070
£ Manitoring Mov 8163435 ssep S5CP ta 10.1.1.13 070
%" CallService Monitoring MovB16:3435  ssep SSCP to 10.1.113 2070
clive Call Monitoring NovB163435 %6 Nomalcal  Disconnected  Nomel 1001 172.17... 3333 1003 101113 3BRA.
MNow B 16:34:35 s3C0 S5CP to 17217.109.210 G060
2% Atlendant Queue Montaring HovB16B3435  ssep SSCP to 17217.109.210 5060
2 Hisony MovB163435  sip BYE 0 17217.108.210 5060
4 Statios & Report MovB163435  sscp sscP from 101113 5070
MovB163435  sip 200 0K from 17217109210 5060
lh, Conference Management NovB163837  sscp SscP [ 17217202 2087

Call trace Monitoring
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SMM - Monitoring

Call History searches the history of CDR log file which is saved in Smart Event Manager, Call Manager or PC.
With the information of phone number and host, this feature finds the call flow which has been processed at

a glance.

To search the data, specify the event source (Menu > Tools > Preferences > Event) and operate.

To save the syslog to the SMM, use Save Event Log.

7
DO BEE AW AR SHD SSBW &=
=-{ @ System Management TR T b & hme ey
H H . Hle Yow Sewch Took Help
: LE Suztem Infarmation s @ suns Baxy
P timedia Mana
: ¢ Metwork, =
o Metwor i i%aaTe
: e
; Service or
- & Catbn
e Waice Line Sl e
- L. OuTne D CTpe  Cobghumbe  Cokoglp Cobeglier | Cedflmbs  CdedlP | Caedli  Dusan  DucomactTne &
e Syztem Maonitaring ey
el g
e . T e
b o e [xn iz —
e e —
= - T T
. e L S —,
I:DH I: "D t |H d 200811 49 Urknow 1000 217108%  pwoo 0 20001100124,
all Detail Records e L e
e e s e e
S e
e L L1111
e L e | L
COR aver BADIUS TN B U 106 wie oz 100 B pee X% aene3
L L L1
: 200811 57 Unknown 100 0113 30 0 20081108 150,
g Minageme T8N W Ukown 100 01113 10 1008 101110 22 0 2061108150,
. g BL 200011 56 108 101110 22 1003 101113 nu 5 20061108 150.
CDR local logging : L s 111 |t L
L e a1 1
L L
L L e L
L et 111 | [ e 1L
g — e e 2 — i,
Daps ¢1-365 Mumber of days e I~ -
R e e —
(e 0 BIEE e ]
e e L  —]
e o e e
T L1
T | Il
penie e [ juun i
e e )
e e e e
L et 111 {1111
enanle Mo 1l 1 - h Tonmies
s e aug o emian
ERin Jees e aua e  —
ERILIN jmee (MR (Ml ——
P T 1
fosn-m iem lae mun jm o peoass
Zan o jhes [or_hi - stz iy
1 11/8/2000 £:36:21 PM. @ Version 363223 4 172.17.109.201:38  Guroot (root : Administrator)
@ e 0 -

Result of Call history
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SMM - Monitoring

SMM provides and reporting functions and the statistical data of Call Usage, Number of Calls, Incompletion Call and

Rank, basing of the basic information that IP-PBX provides.

Fa Call Usage Statistics - CDR

View bade

Category Device
Fiom Ta

Location
©® Davice <ALL> <ALL>

Call Usage Statistics <ALL>to <ALL>

all Usage fsec]

2008-11-08 ﬁ
~

I
0
0
0
0
0
0
0
0
0

3829

View bode

B InCompletion Call Statistics - CDR

Call usage Statistics

Category Device: S— —
Location From To

Number of InCompletion Cal

InCompletion Call Statistics <ALL>to <ALL>

B No Answer

[ Busy

B Undilscated Number
M CalRejected

[ Temporay Faiure
I Network Out Of Order

[ oters

2008-11-08

(2 H

Hour Moot Nodrswer  Busy UnglocatedN Coffciected  qomPorasfs NethakOuD g

om0 0 0 0 0 0 0 0 0

0 0 0 0 0 0 0 0 0

2w 0 0 0 0 0 0 0 0

3w 0 0 0 0 0 0 0 0

10 0 0 0 0 0 0 0 0

500 0 0 0 0 0 0 0 0

s 0 0 0 0 0 0 I 0 £
1 1 o 1 B o o 0

InCompletion Call Statistics

B& Humber of Call Statistics - COR

View Mede Categay Device.
Frem To
02 | (w11 % s |[en
— : Sl = = . E u

Number of Call Statistics <ALL> lo <ALL>

- 16
S} B Conpleion Cat
EE [ ——
£ 4

ol A

EEEEEEEEEEEESREE

K= 2008-11-08 ES

i
g
|

& Ranking Statistics - CDR

View hode Flanking ltem Category Direction Limit Fark [
Gall Usage, Location & Oubound = E ‘
R~ | 20081108 v @ I
O Mumber of Cal @ Devie @ Inbound

Call Usage Ranking

——ax
y 0%

B suoregs3
[ autoregso
B 2P-VP300-Test User

963 [ auoregs?

K= 2008-11-08

Rank Devics Name 1P Address Rtio Calllsoge sec]
1 autoregS3 101110 %% 3667

2 autoregs 17217.108.210 4 148

3 APMFI00T st User 17217.108.35 [ 1

4 autoreg81 101113 3 0

Ranking Statistics
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SMM Setups for Additional Call

Services(Additional Servers)

1) Conference Management

2) Presence Management

3) IVR Management
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SMM - Conference Management

MCU(Multipoint Conferencing Unit) Module is device connecting conference calls.

The type of conference call can be categorized as voice and video conference calls depending on a type of media.

IPNext is equipped with a module for voice conference call and an additional device is required for video
conferencing call.

There are MCU-specific product such as the AddPac MC3000 and MCU imbedded in terminal product such as
VC2000.

= PB [B0.196.6.31:359) MCUs
: {j Systerm Management
Smart Directary M anagement No. MEL Mame MEU Maodel MEU P

User Management 1 MC3000_test AP-MC3000 172171205
3 Device Management

Status Dezcription

In sarvice
Fault Management

#-BE Call Management

=-gfs, Conference Maragement

=] @ Swstem

%, Configuration

M Media Class

‘s Conference Rooms
A Scheduls

EIE M anitoring

ﬁ” Conference Service Monitoring

~glle Active Conferences

l:l--&h Presence Management

- Mg Media Management

- Unified Meszaging Management
----- &% Call Recording Management

& WA b anagement
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SMM - Conference Management

Settings of Ad-Hoc Defaults are already registered basically when Conference Rooms is performed. Then select,
double-click and perform Properties from the pop-up menu This Conference Room is the configuration used for Ad-Hoc

Conference from the system, so it can not be deleted.

gl REE Ref. Description
1 Register a name of Conference.
C”“*ETET“ Nare - [Foe Dot @ 2 Register a description of Conference
R ! . 3 Select a type of media (Audio, Video + Audio) for Ad-Hoc Default. According to the
Comererce bumber || ‘?Sfr:ina‘ o @ type of media is selected, the settings of video can beenabled or disabled.
Conference Type A Hoc Conference z 4 Select Media Class to be applied to Conference Room. Media Class can be set
(yeia Tne Autio - L Ayl bl zaiings il to 3 participants at maximum and 1 must be selected at least. Media Class
" ‘ takes a priority as the fist Media Class does not support, the second one does.
Partition lﬁ Edit Target Rate lhl
edia Class defauh * e Frarne Rate T = 5 Set a priority for the Conference
Secondary Media Class [N =] g4 Picture Size acr = 6 Set a range of participants who can take the floor.
Third Media Class lm Edit Dynamic Picture Size lm -All PartiCipantS can Speak
-All Visible Participants : all the participants displayed on the layout can speak
ashartchant ! | -Floor + Chair : Only the participants with the floor and Chair can speak
nfrence Pty [3 =] (Zer s igh o) ®Floor Only : Only the participants with the floor can speak
peaking Mode Al Participants v
cryptiun Mods of - 7 Set encryption mode (AES, DES, 3-DES) for video and voice data of
Conference
ﬁfﬂsn&if&zzy - 8 éllova the terminals which do not support encryption to participate into
o onference
:23:?:;;: s 9 This is an option to select whether the conference call is to be terminated when Chair
Man, who invites the Conference Call, terminates a call when he/she ends. When the
Room Passward {4 digt option is selected, Conference Call ends when Chair Man terminated his/her call.
10 When the floor does not exist in Conference, Set the screen for the speaking
[0 ] cancel | participant to be stretched automatically
11 This is to configure the settings of video for the media type which is Video + Audio.

-Terminal : These are the characteristics of video transmitted from the participating
Terminals (optional)
®Layout : Configuration of the layout for video
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SMM - Conference Management

Configuring Dial-Out Conference Ref. Description
1 Register a name of Conference.
2 Register a description of Conference
3 Enter a number of Conference
i Add Conference =[olx| 4 Select a type of conference. In here, select Dial-Out Conference.
(BT | Patcipans | Viual Aucience | 5 Select a type of media (Audio, Video + Audio) for Ad-Hoc Default. According to
once | the type of media is selected, the settings of video can be enabled or disabled.
®°ne‘r97w o | 6 Select Partition (optional)
@emmn ‘ 7 Select Media Class to be applied to Conference Room. Media Class can be set
— Yideo .. . .
(Bonteencetuomoer [ Teria L] (13) to 3 participants at maximum and 1 must be selected at least. Media Class
Conferance Type Dial-Out Conference - takes a priority as the fist Media Class does not support, the second one does.
@edia Type Budio 2 ™ Aiply beloi sefings to termial 8 Set a priority for the Conference
" 9 Set a range of participants who can take the floor.
artition lﬁ Edit Target Rate 0K M T AT
‘ -All Participants can speak
el O et it FanRie [T E Al Visible Participants : all the participants displayed on the layout K
i | - S - _ p : he participants displayed on the layout can spea
oy Ed: o -Floor + Chair : Only the participants with the floor and Chair can speak
Thid Media Class. |4 o Edt Donarmic Fictre Size [enable 4 ®Floor Only : Only the participants with the floor can speak
Mas Partcipant = 10 Set encryption mode (AES, DES, 3-DES) for video and voice data of
onference Priority lﬁ (Zero I high priority) Conference
gpeamg Mode #ll Paricipants = 11 This is an option to select whether the conference call is to be terminated when
@mmim Mode o = Chair Man, who invites the Conference Call, terminates a call when he/she
‘ ends. When the option is selected, Conference Call ends when Chair Man
. 2:‘;;2':2”;:%2:“ cl terminated his/her call.
%Enam PR - 12 When the floor does not exist in Conference, Set the screen for the speaking
Secret Faam participant to be stretched automatically
13 This is to configure the settings of video for the media type which is Video +
Foom Passwaord (4 digit) Audio.
-Terminal : These are the characteristics of video transmitted from the
participating Terminals (optional)
ﬂl ® L ayout : Configuration of the layout for video
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SMM - Conference Management

. Configuring Meet Me Conference

i Add Conference

General |

=l0/x]

Ref.

Description

Register a name of Conference

Register a description of Conference

Register a conference number.

Select a type of conference. In here select Meet-Me Conference.

@unfarence Mame |

@escription |

(Yurterence Number

@unference Type eet-Me Conferance
@edia Tupe
(Barton A 7 =i
@edia(ﬁ\ass defauf ] i

Secondary Media Class |N/A :l' Edit

Third Media Class M7 ¥ | Edt

a>< Pattcipant [} 3:
@onference Friority 3 Hi {Zer is high prioriy)

(AOreaking Muz A Paricipans .
@ncryptiun Mode off v

I Alloy Mone Security Call

@ Cloge an Chair Out

@ Enable Vaice Switching

@ Secret Foom
Fioom Pazsword 14 digit

— Yiden

Terminal |Laygut| @

[T Eiply bl setina s toterminal

k. v
Ftame Fate Atps ¥
Picture Size CF v

Dynamic Picture Size {enatle ¥

Target Fate

g |wWIN|-

Select a type of media (Audio, Video + Audio) for Ad-Hoc Default. According
to the type of media is selected, the settings of video can be enabled or
disabled.

Select Partition (optional), Select Media Class for Conference Room

Select Media Class to be applied to Conference Room. Media Class can be
set to 3 participants at maximum and 1 must be selected at least. Media
Class takes a priority as the fist Media Class does not support, the second
one does.

Set the maximum number of participants (1~16 participants)

Set the priority level for Conference

Set the range of the participants taking the floor

-All Participants : All the participants can take the floor

-All Visible Participants : All the participants who are displayed in the layout
can take the floor

-Floor + Chair : Only the participant with Floor and Chair can take the floor
-Floor Only : Only the participant with Floor can take the floor

11

Set the encryption mode (AES, DES, 3-DES) for video and voice data of the
Conference

12

Choose the option for terminating the conference call, when Chair Man, who
invites the Conference Call, terminates a call when he/she ends. When the
option is selected, Conference Call ends when Chair Man terminated his/her
call.

13

When the floor does not exist in Conference, Set the screen for the speaking
participant to be stretched automatically

14

Select an option whether to open or close the room. When the room is closed,
set a password. (4 numeric digits)

Ok | Cancell

15

Configure the settings of video for the media type which is Video + Audio.
-Terminal : These are the characteristics of video transmitted from the
participating Terminals (optional)

-Layout : Configuration of the layout for video
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Configuring Ad-Hoc Dial-Out Conference

i Add Conference [0 x] Ref. Description
Gere | 1 Enter a name of the Conference
2 Enter a description of the Conference
@ontersnce Name | 3 Enter the Conference Number
@esurimiun | 4 Select the type of conference. In here, select Ad-Hoc Dial-Out Conference
; 5 Select the type of media (Audio, Video + Audio) for Ad-Hoc Default.
— Yien . . . .
@merem Numher |— — According to the type of media is selected, the settings of video can be
T ET®) enabled or disabled.
@”mmm Tope — ‘ ‘ 6 Choose the option for Partition (optional), Select Media Class for Conference
@edia Type I &nnliy belnyy settings toferminal Room
5 7 Choose the option for Media Class to be applied to Conference Room. Media
(i W o Edt Targetfide BK E Class can be set to 3 participants at maximum and 1 must be selected at
(7 et Class difaut v Edt Fiame Rate s . least. Media Class takes a priority as the fist Media Class does not support,
Secondary Media Class |H/4 7 gt Picture iz F = 5 tShe sre]rconq O'nel dOeIS%. —o
o ‘ o et the priority level for the Conference
et Cess |4 o B UL AR 5 | [ 9 Set the ?angeyof participants who can take the floor.
i lﬁ -All Participants can speak
-All Visible Participants : all the participants displayed on the layout can
unference Priority lﬂ (Zero s high priorty) speak
@peaking Mode Al Participants v -Floor + Chair : Only the pa_rt_icipants _With the floor and Chair can speak
@ncrvmion e lﬁ ®Floor Only : Only the participants with the floor can speak
10 Set encryption mode (AES, DES, 3-DES) for video and voice data of the
7 Al Mo Sty Cal Conference
e e el 11 This is an option to select whether the conference call is to be terminated
%Enamemesmmg when Chair Man, who invi_tes _the Conference Call, terminates a call whe_n
et he/she en_ds. Whgn the option is selected, Conference Call ends when Chair
Man terminated his/her call.
oo Pt ’— (i) 12 Whgn_ the floor does not exist in Cc_;nference, Set the screen for the speaking
participant to be stretched automatically
13 Configure the settings of video for the media type which is Video + Audio.

Cancel

-Terminal : These are the characteristics of video transmitted from the
participating Terminals (optional)
®Layout : Configuration of the layout for video
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SMM - Conference Management

Make Conference room

— Select Conference number(don’t use same phone number)
— Select Media type (Audio only, Audio + Video)
— Enable Voice Switching

 If you enable this function. The speaker video will display larger than others
— Close on Chair Out

+ The Chair disconnect the

conference, the room

Conference Properties

WI " be destroy_ | eneral | Particinants | Virual Audience |
Conference MName [testConference
Description ‘
7 Wideo
R
Conference Type Dial-Out Conference v
Media Tvpe Audio + Video P Apply below settings to terminal
Partition Edit Target Rate B2 -
Media Class default ~| Edit Frame Rate 0 ps v
- Secondary Media Class Edit Picture Size WG A (640=480) -
= [ PBX (17217.109.201:389) Conference Rooms [EESTIvEr s Edi Dyrarmic Plcture Size
{j Spstemn Management m o i
-k Smart Directory M anagement . @ onference Name WMax Parlicipant
E| Uszer Management 12 AdHoe Detaults Conference Priority (Zero is high priority)
& Device Management Speaking Mode All Participants
@ Favit M anagement Encryption Mode off v
#-BE Call Management
H Allow Mone Security Call
=g Conference Management
Clase on Chair Out
: @ System - o
& Confi i Enable Yoice Switching
me AN Igu“,a 1an Secret Room
@ edia Class
& Conference Rooms Room Password [ | (4 digit
i Schedule
R Manitarinn
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SMM - Conference Management

 Video
— Terminal
» This function can select Terminals
bandwidth, frame rate, pic size.

— Layout

Conference Properties

. | Berieral | Participants | Yirual Audience
« Set layout of this conference.
Conference Name [test Canferance ‘
Description | ‘
= Yideo
Conference Number Terminal | Layout
avout|
Conference Type Dial-Out Conference ~
— a Media T Audio + Yideo = Apply below settings to terminal
| Terminal | Layout ! edia Type
it M/A he i
Lavout Mode | At Asymmetric) v iy djf = Edit Target Rate S1eKk »
. Media Class i
— ‘Dynamlc v‘ Edit Frame Rate I01ps v
) Secondary Media Class Edit Plcture Size WG A (B40+480) v
Video Layout Floor to Full Sclreen Third Media Class /A || Edit Dynamic Picture Size
3 . Symrmetric
5 ] deyrmatic Mas Parcipan
Conference Priority (Zero is high priority)
Floor Asslgn Made Display Participant Mame Speaking Mode 2l Participants
() After Release Lepam Encryption Mode off v
O On Request Size Small w Allow Hone Security Call
Close on Chair Out
Calar Enable Yoice Switching
[] Border Line W Backoround Secret Hoom
[]Floar Line [l
[] Background Line . Foom Password l:l 4 digity
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Select participant for this conference room

Set one number as a Chair(when chair disconnect this conference this conference will be destroy)

Conference Properties

| General | Participants | Wirual Audience |

Filker

Filter Warne

Advanced Search

Phare Wumber

Phone Mumber rticipa

| Fird

Murnber Partition User ~ Murnber Fartition Uszer Type User Clazs MMedia Type | Position | Digplay Mame | Me
1000 test_1 OO ... 1000 test_1 woo junha  Intermal  Chair ~ Wideo v def
1001 test_1 1111 11.. a
1002 test_1 1004 test_2 1004 1004 Internal P"ﬁ'm' v Viden v def
1003 test_1 3333 33.. [isible]
1004 test_2 1004 10... 1002 test_3 22222222 Intemal  Paticipant v Yideo def
1005 test_2 100510...
1006 100 test_1 11111111 Intermal  Paticipant % Video def
1007 test_ 2
1008 test_3 222272 i
1009 test_3 - a
1010 tezt 3 -
1011 test_4
1012 test_ 4
1013 test 4
1014 test_4
1015 tezt 5
1016 test_5
1017 tezt 5
1018 test_ & hdl
< |
Enter External Phone Murnber
Add e 5
0k ] [ Cancel
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SMM - Presence Management

Speed Button assigns a telephone number to a specified button and automatically makes a call to the phone number.
It is referred as the button information in both hardware and software aspects.

AP-VP300N support this speed button. This feature creates a profile and registers information to each button and the
button information can be provided to the subscribers’ terminals through Presence Server.

Speed Button Profile can be created in Presence Group.

Gererd | Presons o] Ref. Description
1 Enter a name for Speed Button Profile
Prafile Mame | m | — -
2 Enter a description for Speed Button Profile

Description | @ |

& ® 3 Change the position of the speed button to higher or lower in the

order
MNo. | Display Name Type Phone Number | ¢ Soft Key 4 Enter a name to be displayed for each speed button(1~25)
1 Extens?on v mis
Z @ EHlencion @: ® % e @ 5 Choose the type type for each speed button (1~25) of phone number
4 Extens!on v O WA
g E:::::g: . % :ji 6 Enter a telephone number for each speed button (1~25)
7 Estension % O Na (Pressing the right click, you can search and enter the telephone
] Extenzion v O WA i i
: S 3 numbers which have been registered)
10 Extenzion v O WA
1! Extenzion v O WA
12 Extens?on v O WA
]ﬁ E:::::g: . % m 7 Use the features of Soft Key(Redial, NewCall, Hold, Transfer)on the
15 Estension % CJ Na speed button. This options is possible if Speed Button Type is set to
16 Extenzion v O WA
17 Extenzion v O WA Soft Key
18 Extenzion v O WA
13 Extenzion v O WA
20 Extenzion v O WA
2 Extenzion v O WA
22 Extenzion v O WA
23 Extenzion v O WA
24 Exstension v [ M
25 Extenzion v O WA
[ Ok ] [ Cancel ]
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SMM - Presence Management

Presence group is a unit to provide presence service and is able to group the settings of speed button and a range of
information sharing between the users. One user’s directory can configure many presence groups,
share the speed button profiles and take presence message. The same profiles are applied for redundancy.

Presence Group Properties 5]
Create Presence Group {General] Boundary | SpesdButan,
1. General Group Name i\Test_Ps_Gmup || @
- Input Presence Group Name Ee“"”“””s ‘P —— 1

2. Boundary
- Choose Organization or User Grou
3. Speed Button
- Add Speed Button profi

Presence Group Properties

Presence Group Properties. [ | Select Organization
General | Boundary | GpeedBution | El-) General | Boundary | SpeedButton | EIEGT S LN NE TGN TG G
55 Sales
i Factar 2 PR
I AT ﬁ Tech Y Additional Speed button Prafile !t_Er?flll_'iName Description
Choose organization for boundary setting of directory, itest |
Organization || Select | I ﬁ
Monitoring Boundary
Choose organization for monitoring boundary é
setting of directory,
Organization | [ Select ]
e ;
I[ Add [ Femove | l
Cancel :
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9% -/~ SMM - Unified Messaging Management

Unified messaging server provides the feature allowing the registered user to the IPNext PBX, to listen to the left
message at any time and any where, when the user is away from the phone or busy on the line.

With accordance to message type, the property is categorized by voice and video and the server provides the features
of message box management (resetting, creating, moving and deleting) and message management

(moving and deleting).

As it is shown in the following figure, the list of unified messaging servers are displayed by choosing the menu

(Unified Messaging Management > System > Unified Messaging Server):

= [ PERIEL 1663189 Unified Message Box
D--[] System Managemen!

H- & Smat Directary Management Filter

b User Management .
¢ & Device Management Fiter Hame Rule Wiord Advanced Search (.} MessageBox

B
B
: HIVANCED S BACH
g FhoneNumber ¥ | [sesacly ¥ Find ‘
E] 'ﬁ Pt Menageneni ‘ ‘ d ‘ ‘ ‘ (.} Garbage Message Box
B
B

i 60 Call Management
bl Corference Management

]--& Presence Management N . .
I Media Managemert Mo, Address Pool  Address » | Parffion  Path UserlD  Messa~ Inbox  Savebox  Quota(MB) | UsediKB) Blocking  Blocking Reason

=2 Unifed Messaghg Management I defauf 1008 tstd  g/Tech 8 oy 0 ! l :
(=8, Canfigurafion

Message Box Configuration
BT} Lrifiec Messane Bo
Unassigned Address
tﬁ Message Box Sinchionize

BE Monitoring

- 3" Unified Messaging Service Monitoring
) M5 Session Maniaring

----- #& Call Recording Management

H-1é VA Management
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- SMM - Unified Messaging Management

Message Box Configuration

Message box configuration is the overall settings related to message box and message box for leaving the voice or

video message.

(Unified Messaging Management > Configuration > Message Box Configuration)

Message Box Configuration

Configuration

@Audin Message Lengthiseconds) |I | - |ED
®Viden Message Length{seconds) |] | - |2D
(@D Quota(Me) 1

eceived Message Media Type ver HDD Cluota
(&) Audio () Delete Old Message
Audio + Yideo () Block New Message

@ Enable Email Motification

attach File To Email

[] Delete File After Ernail Matification
Enable Account Blocking

Password Fail Count

[ oK ] [ Cancel

Ref. Description

1 Set a length of time (seconds) for saving voice message

2 Set a length of time (seconds) for saving video message

3 Specify the maximum HDD capacity of the message box for the phone
number

4 Specify a type of message to be left for the phone number (Audio or
Audio + Video)

* The present version does not support audio and video, but it will
supported in future

5 Set the quota for exceeding the maximum capacity of HDD of the
message box. The old message can be deleted or the new message
can be disregarded.

6 Set Email Notification when the message is left. The recorded file can
be attached to the e-mail. The server file can be deleted after
notification

7 Choose the option for blocking the message box for the failed password

entry. A number of password entries can be specified. If the message
box is blocked, the message can not be left or verified.
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% ./ SMM - Unified Messaging Management

Unified message box references, searches or manages all the message boxes created on address basis.
In message box list, the assigned users or a number of messages left , HDD usage can be verified and the box
provides management (initialize, move and delete) for each address of the mail boxes.

= [ Pax 0163138 Unified Message Box
[] System Management
- Smant Diectory Management Filtr
- User Management .
5 & Deice Hansgement Filter Hame Rulz Wiord fidvanced Search .} Message Box
@ Faulk Management Phore Number v‘ ‘is eactly v‘ ‘ ‘ m (J Gabage Message Box

ﬂ@ Call Management
gy Corference Menagement

& Fresence Management y i i
I Medis Managemet Mo, | Address Pool | Address » Partifion | Path UserlD  Messa~ Inbox  Savehox Quata(MB)  Used(KB) Blocking  Blocking Rieason
D{@ Unifed Messaging Management 1 defaul 1000 test.] 2/ Tech & thwao LJ 0 0 El 0
= H, Corfigraion 2 defaul 1001 test] g /Tech gy 0 0 Kl 0
15 essage Bos Corliguation 3 defaul 1003 fest] g /Tech E3 @ I I El 0
: i 4 defaut 1004 t? & Tech  LUM 0 0 I 0
| ﬂ!iii'ﬁiﬁidfiﬁmze 5 odefaut 05 st &/Tech  SU0E  0 0 | 0
B g Bt B st e f22 o 0 1@ g
3" Unified Messaging Service Moniiring
] UMS Session Moritaring
----- #y Call Recarding Management
%4 IR Management
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SMM - Unified Messaging Management

Unassigned address searches and references the address list without the message box created,
and creates the message boxes collectively.

= [f5) PBx (E0.196.6.31:389) Unassigned Address
Ej--Lj Systern Management
- 4ah Smart Directory Management Filker
E]---ﬁ:; User_ Management Filter M arne Fiule wéard
g Device Management - -
EJ---@ Fault Management |F'hone MHurmber v| |heg|ns with v| |
=@ Call Management
#-g% Conference Managsment
EJ"&T,“ Presence Management Mo, Address Poaol | Address » | Partition Path User Description
-8 Media Management 1 default et
=[5 Unified Messaging Management 2 default Create Selected Message Boxes
E| &, Configuration 3 default
: v:‘ Meszage Box Configuration etau Fefresh F&
43 Urified Message Box 4 default TSl
% Unassigned Address & default test 3
- ﬁ. Meszage Box Spnchionize G default test 4
E| E tanitaring 7 default test_d
o Urnified Mezsaging Service Monitaring a default test_d
----- % UMS Session Manitoring q default test 4
----- % Call Fecording Management 10 default test 5
+-f& WA Management
11 default test &
12 default test b
13 default test_B
14 default test B
.. 15 default test_B
Ref. Description 16 defaul
17 default
Create Selected Create the message boxes for the 18 default
Message Boxes selected address collectively 19 default
20 default
- 21 default
Refresh Refresh the unassigned address o9 default
list 23 default
24 default
25 default
26 default
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IVR Management > Configuration > IVR Service By pressing the right button of the mouse, your can register

a new IVR service.

Add a New IVR Service

@ Service Name

(2) Description

@ Service Number
@ VR Server Cluster

@ Scenario Mame

(B) Partition
(7) Codec

Frame per Packet

(9) [¥] Enable VR Service

Ref. Description
1 Create a name of the IVR service
0033 |
2 Enter a description for IVR Service
| | 3 Create a number of the IVR service
|IZIIIIE|E | 4 Choose the option for a name of IVR Server Cluster.
| IWA_Test - | 5 Choose the option for a name of IVR scenario.

After the scenario is created by Smart IVR Editor, then IPNext 700 is
| w | configured and only the registered scenario list can be selected,.
| " v| Edit 6 Choose the option for partition (optional)

7 Choose the type of audio codec
G711 law v|
| 5 3 | 8 Set the number of frame for each packet
9 Choose the option for enabling the IVR service
V¥R Schedule 10 Go to IVR Schedule mode

[ Ok ][ Cancel ]
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The following figure displays the screen for the IVR schedule list registered to the IVR Service Number.
The IVR scenario is serviced at a specific date and time.

A schedule template can be registered for the specific date and time When they are configured, they can be serviced
basing on the schedule template. The corresponding details are disabled, because there is not need to specify a

particular date and time for the schedule.

The day template can be also registered (Call Management > Advanced Service > Day Template) for a specific date.

After the day template is configured, the IVR scenario is serviced at the registered date in the template.

E® I¥B Schedule Properties
Schedule

Description Scenatio
attendant

Schedule Template

® [ Use wiorkingday

Day
@ [ Use Start Date End Date

Ref.

Description

The registered schedule list. Many schedules can be registered for each

IVR Service Number

Configure the registered schedule template

.Configure the starting date and time of the registered schedule

Configure the registered day template

20088 53 232 S8Y | (20088 b 23z =8

Day Template

@ []Use haliday

Week
@ [#] Use [#] Mon [7] Tue [7] Wed [ Thu [ Frl [] Sat [] Sun

Hour

Configure the days of the registered schedule

Configure the starting and ending time of the registered schedule

The basic IVR scenario of the corresponding Service Number

|l N o] a] M W N

Set the priority level for the service of the registered schedule

@ Use Start Time End Time

£

2% 12:00:00 2| (2= o000 =]

arn 12:00:00 => 00:00:00 prn 12:00:00 => 12:00:00

@efault IWF Scenario attendant
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Example of Smart IVR Editor

The main screen is displayed after executing Smart IVR Editor
1) Creating a NewProject

shows the New Project window for the setting of each property. Click ‘OK’, then the scenario ID with the same
directory under the specified path is created and well as the basic Project within.

E% Smart IVR Editor
File View Project Transfer Tools Help

RcSd H 8

Smart IVR Editor
AddPac Technology

Diagrams

% Pointer New Project z|

% Get Number Project Mame : ITest_I'\u’R
LS
Q‘ R Description I

“/ Transfer . -
Project Path IC:\ng‘ram Files\AddPachSmart [VR Editor\Test\ | [

Q Processing
. Goto O I

.‘; Disconnect

Cancel |

Project View

eady Version 1,1,3204, -1 = 11:04:
Read i 3204.26063 & 2008-11-09 2= 11:04:40
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Example of Smart IVR Editor

2) Add ‘Get Number menu’
You can also create the diagram as to drag and drop from the Diagram Tool Box.

Diagrams ‘ - ‘
I& Faointer
- [ Start
@) fenu =} @
c’% Get Murmber Start_1
S
|Get Number|
Transfer "
A { &
@ Processing L
GethMumber_4
O Goto
&y Disconnect
Project Wiew ‘ - ‘
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Example of Smart IVR Editor

3) Connecting Diagram
Each Diagram needs to be connected to display the order and branch conditions. All the Diagrams can have more
than one connection. Depending on the types of diagram, many braches can be connected. Connecting each
Diagram can be processed in the following procedure:

Delete
Properties
‘Get Number|  Play [ Get Number
% b | %
L {4 : QP | {9
GetNumber_3 Play_4 GetNumber_3
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Example of Smart IVR Editor

4) Set Get Number Menu
The user takes a specified number of DTMF input. Beside the input, the Diagram can be moved for the specified
input like Menu Diagram, once the Event Digit is set. Each branch does not need to be connected directly and
it can be connected automatically by the properties settings, like Menu Diagram.

Ref. Description

Name @ IGetNumber_SI

1 Name Displays a name of Get Number Diagram
Ment File @| lm off 2 Ment File Register the Voice File to be heard to the user before the one
@[.7 Cuncelablo @ Fake the input. To ca_mcel t_he registered Voice File, place the cursor on the
icon, the press the right click of the mouse to can the Ment File.
Input Properties 3 Cancelable Cancel the Voice File which has been set up at @ When
Digit Count ’4 53 Cancelable is selected and the user makes an entry, the Voice File is

@ End Digit [None ] stopped playing.

Play Plays the registered Voice File at (2) .

I

Eettiunbey (@) Event Digit [None -] 5 Digit Count Set the number of DTMF which the user can enter
' % - " 6 End Digit Set up DTMF which informs that the entry is completed. Enter
- Exception Properties \ End Digit DTMF for the number less than the one which has been set at ®).
bekimmher Initial Timeout | 7 Event Digit Set up the DTMF to move to another Diagram without taking
@ Inter Digit Timeout lS 3: sec the entry.
- When the Event Digit DTMF is entered, it moves to the Diagram for the
Allowable Count [ = Event Digit of the Event Condition.
‘ 8 Initial Timeout Set the timeout for the user’s first entry. Display ‘No input
Event Condition Event’ if no entry is made within the time range.
s Tt D 9 Inter Digit Timeout. Set up thg Timeou.t between the user’s entries. Display
Ok None =t ‘No match Event’, if no entry is made in the range.
Event digit Nome @ = 10 Allowable Count Set the allowable count for no match and no input in the
S me. o = Event Condition. When the count is less than the count of no input, no
No input Nene |

match, then request the user for more inputs. When the count is more than
the one, the move to the specified Diagram

I N 11 Event Condition Set the branch condition for occurrence of the Event by
the user’s input. OK is for receiving the input normally, the Event Digit is

for receiving the Event Digit value. For more details of the branch
condition, please refer to the branch condition of the Menu Diagram
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5) Add ‘Processing’ and two ‘play’ menu with make link

[ Start @W

Start

|Get Numl:uer]

Ja
[+

mh

L

. 83
Play Frocessing_17
(Zheck phone numhber)

| Play | Pro cessinﬂ | Play |

FPlay_12

Marme
hent File |hello_tull =4l
v Cancelable
~Input Propertiez
Diigit Coumnt |4 3:
End Digit I# vI
Event Digit ID vI
~ Exception Properies
Initial Tirmeout |3':| 3: TeE
Inter Digit Timeout IE :I FEC
Allowable Count |3 3:
— Event Condition
Event Target Diagram
0k Frocessing 17 ;l
Event digit Play ;l
No match Play_lZ ;I
No input Play_ 12 ;I
Ok, I Cancel |
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Example of Smart IVR Editor

5) Add more menus which connect with high level

Play Diagram ®
Mame Start@}
Play List ——
Blurm | Source Cancelable
1 conhect True

Get Number|

%

Mew Play | Delete |
Ok I Cancel |

&

Transfer Diagram (%] Play |2

Marne .
Transferw .
Dizconpect
Destination f/ ( >3
7% x
Parameter Istatic j Transfer_8 ' Disconnest_15
Value {1000
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Processing Diagram

Marme
Tvpe ICheck phaone number j
" Parameter
Farameter Input Wariable
Phone Mubrmer Gethlumber_Bilnput) ;l
~Return Yalue
Marme Remark
Success Event condition
Event Condition
Reszult Target Diagram
TRUE Play_11 |
FALSE Flay_18 =l

Ok I Cancel

Y

Play

Transfer w

r~/

Transfer_8

Start @W

Stant

Get Number|

%

&

Play_12

Processinﬂ

[bisco\‘x‘/lct“l

y \ [ PI |
Play N | { %} | Disconnect_145
(O >
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Example of Smart IVR Editor

5) Add more menus which connect with high level

Start @W

Play Diagram 3]
Start
Marme
|Get Number| Play List
{Jjﬁ Mum | Source Cancelable
) 1 courtover True
2 bye True

il

v,

Transfer_g

I ewy Play | Delete |
[o]3 I Cancel |

[biscc&fzt—-‘|

Disconnect_15 A A -
Disconnect Diagram %]

Ok, I Cancel |
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Example of Smart IVR Editor

6) Add more menus which connect with high level

‘Start 58]

Start
Play Diagram 3]
MName F \
Get Number|
Play List %
Murm | Source Cancelable 'J\_,_,,,
1 connect True

Mew Play | Delete |

raéb |

Ok I Cancel |
17
& numbern Flay_1 2\
Transfer Diagram X Transfer 1 fDiSm‘xd.\l
ﬁ/ &
Marme '| Disconnect 15
L Transfer_& |

Destination

Pararneter IGetNumber_E(Input) j

Yalue I

Transfer w

r/f

ransfer_1

[bisco{rg;;t-n

Disconnect_19

k. I Cancel |
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Example of Smart IVR Editor

6) Add more menus which connect with high level

Start @}
Start

Play Diagram 3]

Get Number]

%

Marme

Flaw List
Murn | Source Cancelable
1 axt_err True
2 bve True

Mew Flay | Delete |
Ok I Cancel |

[ biscc;;jcﬂ

Discannect_145

t Tranzfer
A7

Transfar_a

[biscn@?t—xl

Disconnect_1

7

Transfer_14
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Example of Smart IVR Editor

7) Build the Project
When you are finished with writing out the scenario by using the Diagrams and Links, you can
perform Project Build.
You may click Project -> Build (or Ctrl + B) to start Project Build.
When the Project Build is finished, a message of success is displayed as it is shown

Build Success |E|

i } Project build succeed

Connection Configuration

Serer P Ok |
i _ Concel |
Uger D Irnot

Uzer Password I“""*'“"’

8) Set Connection Configuration

. . Ftp Port |21
Set server information
- Server IP(IPNext) .
- FTP information (User ID: root / Password : router) UserID [root
- Http information (User ID: root / Password : router) User Password [rmee
- check Use Authorization Http Port [sa

¥ Use duthorization

AddPac Technology



Example of Smart IVR Editor

7) Project Upload to IPNext

When the Project Transfer window opens as it is shown in below, set the Upload from the Transfer type and then
click OK. You may see the window opens up for 3 types of Codec format to be selected.

when uploading the Project is completed.

Project Transfer

Transfer Twpe
o Lipload
" Download
" Delete

Download Path

Select Supported Codec(s)

Supported Codecis)

Cancel |

7

¥ mulaw { pcm)

W alaw { alaw)

IF:172.17.109.200
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Appendix

- IPNext (Initialize Ldap (SMT))
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Initialize Ldap (SMT)

IPNEXT System Maintenance Tool - Wizard

This wizard is system maintenance and suppart toal,
It containg system recovery and system upgrade,

If you continue, click the ‘Mext’ button,

System Maintenance Tool

SMM 36 <<Back [ Rexi>> 4 [ Cancel

APODS 847

2. Set the IPNext’s IP address to system host field

(if you change IPNext’s http port it need to
set same port)

Don’t need to change Port and user ID \

1. Main page for maintenance tool
Click to “Next”

IPHEXT System Maintenance Tool - Wizard 1.0.3217

IPNEXT System Access Property Rt
Configure [P ystern information, then the "Mext" buttan,

Systemn Host |l?2,l?,lDS.ZDD |
HTTP |
Part |EU <1-BE635> (default : 80)
User ID |r00t |
User Passward |****** |

Authentication

| System Maintenance Tool .
SMM 3.6 [ << Back [ Mext »» ] [ Cancel
APDS 8.47
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Initialize Ldap (SMT)

. s . .
) i ﬁ 1. Display IPNext 700°s information
@ . Y
System Information 2. Choose System recovery
MName Walue HDD Status
Systemn Model IPHEXTT00_G2 HODO @ HODO Foirmnat..
Host Mame IP-PBX
APOS Wergion 847,024
IP Address 172,17.109,200 . o T ey Thar St L0
INIlac Acli:dlresNS T00_g2 _w5_47_0,
mage File Mame  ipnext?00_g2_w8.47.0, TR
Image File Size  h315088 bytes aintenance Mode ﬂ 3. Choose System initialize
() System Backup
Backup s Trectory server data & sydLs E dlnisrEnEs o d 1.0 e
st Maintenance Tool “ e P % 4. Select Full initialize
SMM 36 ®
APOS B.47 Initialize or Restore smart directory serve e

(O System Upgrade

Upgrade smart directory server data & sy

(& Zystem Initialize
Initialize smart directory server data & syste

() Systemn Restare alize ormatio

| System Maintenance Tool 7 Restore smart directory server data & system

SMM 3.6
APDS 8.47

Initialize: Information /
Directory
i@ systern Resodrce
A& Smart Directory DB
€ Web-based SMM
| System Maintenance Tool .~ | || @sMentFiles
sMM 36 @5FET Files (Loc
APOS 847 [ UMS Files (L

@ Full Initialize () Custom Initialize

. stem Maintenance Tool
System Maintenance tools Cont. et

SMM 36 [ <<Back [ Newt>> | [ Cancel
APOS 847
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IPNEXT System Maintenance Tool - Wizard 1.0.3217

Confirm Configurations
Canfirm this information, then click the Mext’ button,

Configurations

Maintenance Mode
+ Systern Aecovery

Recovery Mode
+ Gysfemn Initialize

Inftizlize Mode
+ Full Initialize

[<<Back Mext »> } [ Cancel

System Maintenance Tool \

SMM 3.6

1. Display which function will do.

/

3. Stop all IPPBX function with
restore all data to IPPBX

2. If you already using IPPBX function,
all IPPBX function be stop

Message

.
1 } Systern service willke stopped. Do you really want to initialize®

IPHNEXT System Maintenance Tool - Wizard 1.0.3217

Process Status

Interop, Excel DLL 1%

=3, Upload Systern Fesources
&y 4, Restart Smart Directory Server
55, Import Buili-in Data

=56, Fieboot System

System Maintenance Tool .~

APOS 8.47

System Maintenance tools Cont.
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IPNEXT System Maintenance Tool - Wizard 1.0.3217

Process Status : i ¢ 2. Show all System initialize completed
"Click OK”

Shut down systemn,,, 99 %

System Maintenance Tool -~

APDOS 8.47

IPNEXT System Maintenance Tool 1.0.3217 X

AddPac

Completed

System maintenance has completed,
If vou exit this program, click the ‘Exit'button,

1. After System initialize it need to reboot
“Click OK”

3. Display System initialize completed
“ Click Exit”

System Maintenance Tool

System Maintenance tools Cont. e n it ] | Cancel
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[PNext Stand alone Test

(2 IPNext Web-Based Management - Windows Internet Explorer

&) htoy//172.17.103.20)/
DEE BIE PIW ARG A SEEH
9 & | 1PNext Web-Based Management

2. PC will download SMM
automatically when click icon.

S & HORE - G EFQ - 7

(78%) Downloading InstallSMM

Downloading InstallSMM

This may take several minutes, You can use your computer o do a‘_)\
other tasks during the installation, F
[T Name: instalisMm
AddPac Technology . 172, 12.108.200
< : rom: 172,17,109,
IP Next Web-Based Multimedia Manage
wi . a .com

Downloading: 28 6 MB of 36,6 MB
(=l{[={3

Cancel

(© Smart Multimedia Manager - Windows Internet Explorer

=]
e - £ hitp://172.17.108, 200/smartsmm, htm b lhe IR.S Loct b
D20 BIE =AY BEARNW EID SERW &
@ @ |48 Smart Mutimedia Manager QM- om - [ HOTE - BERQ - 7
© AadPac Technology. all ights reserved.

@ e # 100}

AddPac Technology

1. Access IPNext via web—browser IP Next Web-Based Multimedia Management
http://172.17.109.200:80

3. after download it’ll display login page /
login ID : root

password : router g i

User ID 100t |
Pas; |

Login Setting

@ e #10% -
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http://172.17.109.200/

[PNext Stand alone Test

&[4[ %] [Live Search

OENE MEE) 2o SARE)

D

S2H)

e I@ Smart Multimedia Manager

[

Flle  View Search Tools Help

= [F PEX[17217.109.200:389)

@ System Management
[ System Imformation
9 Metwork.

@ Service

4= Waice Line
System Moritaring

4a Smant Directory Management
*) Smart Directory Cluster
L4 Smart Directory Freference
-8 User Management
B Adniristators
€8 Phone Users [0]
il Device Managemert
@@ Devices [1]
. Device Pool
[ Devics Profie
[ Monitoring
B Fault Management
- BBy Event Configuration
B Event Manitoring
21 Fault History
B2 Call Management
s, Configuration

Monitoring
History

U Statistics & Repart
& Conference Management
& Presence Managsment
%, Configuration
[ Monitoring
Media Management

- § Urified Messaging Management

Call Recording Management

VR Management

Rl R NG R N WAL= B R SE

No.

Preference Name

Desaription

Stand alone Simple Test Scenario.

1.Add 2~3 user datas..

2.Add 2~3 tel numbers.
3.Register 2~3 terminals.

4.Make a call each other.

5.Make backup file.(excel or Idap)
6.Add more information.

(@ 2008-10-30 2= 4:46:32

[ZF Version 3.6 3217 & 172.17.109.200:389  @aroot (root : Administrator) ) Alarm Level : Mormal -

28

Y
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