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Copyright

Copyright (C) 2014 PLANET Technology Corp. All rights reserved.

The products and programs described in this User’s Manual are licensed products of PLANET Technology,
This User’s Manual contains proprietary information protected by copyright, and this User’'s Manual and all
accompanying hardware, software, and documentation are copyrighted.

No part of this User's Manual may be copied, photocopied, reproduced, translated, or reduced to any
electronic medium or machine-readable form by any means by electronic or mechanical including
photocopying, recording, or information storage and retrieval systems, for any purpose other than the
purchaser's personal use, and without the prior written permission of PLANET Technology.

Disclaimer

PLANET Technology does not warrant that the hardware will work properly in all environments and
applications, and makes no warranty and representation, either implied or expressed, with respect to the
quality, performance, merchantability, or fithess for a particular purpose.

PLANET has made every effort to ensure that this User’'s Manual is accurate; PLANET disclaims liability for
any inaccuracies or omissions that may have occurred.

Information in this User’s Manual is subject to change without notice and does not represent a commitment on
the part of PLANET. PLANET assumes no responsibility for any inaccuracies that may be contained in this
User’'s Manual. PLANET makes no commitment to update or keep current the information in this User’s
Manual, and reserves the right to make improvements to this User’s Manual and/or to the products described
in this User’s Manual, at any time without notice.

If user finds information in this manual that is incorrect, misleading, or incomplete, we would appreciate user
comments and suggestions.

CE mark Warning

As this is a class B device, in a domestic environment, this product may cause radio interference, in which
case the user may be required to take adequate measures.

Energy Saving Note of the Device
This power required device does not support standby mode operation. For energy saving, please remove the

DC-plug or push the hardware Power Switch to OFF position to disconnect the device from the power circuit.

Without removing the DC-plug or switching off the device, the device will still consume power from the power
circuit. In view of Saving the Energy and reducing the unnecessary power consumption, it is strongly
suggested to switch off or remove the DC-plug from the device if this device is not intended to be active.
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WEEE Warning

To avoid the potential effects on the environment and human health as a result of the presence of

hazardous substances in electrical and electronic equipment, end users of electrical and electronic

equipment should understand the meaning of the crossed-out wheeled bin symbol. Do not dispose
B \WEEE as unsorted municipal waste and have to collect such WEEE separately.

Trademarks

The PLANET logo is a trademark of PLANET Technology. This documentation may refer to numerous
hardware and software products by their trade names. In most, if not all cases, their respective companies
claim these designations as trademarks or registered trademarks.

Revision
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Chapter 1. Introduction

High-definition Voice Conferencing for Rooms of Any Size

In a world where conference calls with partners, vendors, remote workers and global teams are on the rise,
PLANET VIP-8030NT HD voice conference IP phone is perfectly designed for use in middle to large
conference rooms. The VIP-8030NT delivers superb voice quality, expansive microphone pickup and
advanced audio processing. Its integrated, special microphones ensure that your interlocutors feel as if you are
sitting in the neighboring office, not on the other side of the world!

VIP-8030DNT

VIP-B030NT
-

Irternet (IP PEX)

VIP-8030MT

Free Calls to All Over the World



@ PLANET

Networking & Communication HD Voice Conference IP Phone with PSTN (3-Line)
VIP-8030NT

Extended Microphone Makes Communication Clearer

Although there are four microphones built in the VIP-8030NT, the communication between the two speakers
could be unclear over a long-distance call. However, with the extended microphone, this problem could be
solved. The extended microphone also provides a quick button to isolate speaker’s voice, thereby the contents
of the speakers will not be exposed to the third party.

Recorded Conference Contents Saved on SD Card

The VIP-8030NT transmits power and voice over the RJ45 cable and has a special specification that helps to
avoid an incorrect cable plug-in. The VIP-8030NT can start a conference with the RJ45 cable, meaning no
extra cable is necessary. The contents of the conference can be recorded and saved on the SD card, where
the recorded contents can be played.

PG LAM PFOWER EXT-MICH

or— Power Outlet

LINE

Wall Phone Jack

-10 -
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Secure, High-quality VolP Communication

The VIP-8030NT can effortlessly deliver secured toll voice quality by voice or SIP QoS (Quality of Service) and
802.1PQ VLAN tagging. Using voice and data VLAN can easily separate the data and voice, thus maintaining
the best quality.

i
G ®

1.1 Features
>

Supports 3 SIP voice lines

Supports HD voice

128 x 64 pixel LCD display with ivory backlight
3-way conferencing

Echo cancellation, hi-fi technology of wideband voice communication
Connection type for add-on microphones for a larger recording range

L 2R 2K 2K 2K 2% 4

) aNetwork Protocol

SIP V1 (RFC2543), V2 (RFC3261)

Voice codec support: G.711, G.726, G.729, iLBC, GSM
Supports STUN, outbound proxy

Static IP/DHCP for IP configuration

3 DTMF modes: In-band, RFC2833, SIP info
HTTP/HTTPS Web server for management

L R 2K 2K X 2% 4

-11 -
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€ NTP for auto time setting

)l T clephone Features

Supports 3 SIP accounts

Built-in SD card for recording

Recording file can be played on the unit

Speaker volume with adjustable 14 levels reaches 90db
Call Hold, Call Waiting, Call Forward, Hotline

Caller ID display, DND, auto-answer

Stores 64 groups of incoming calls and outgoing calls
FSK/DTMEF Caller-ID detection and display

Intelligent speech mixer and dynamic noise suppression

L 2R 2R 2R 2K 2K 2R 2% R 2

1.2 Application

VolP Conference Call

The VIP-8030NT provides audio conference service to any meeting room and auditorium. Its built-in SD card
helps record any important meetings.

T -

Headsguarers

IP PBX Mode

The VIP-8030NT features IP PBX mode to deliver voice over a network and interoperates with the normal

-12 -
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Public Switched Telephone Network (PSTN).

VIP-B8030NT VIP-8030NT

=,

L i ILnternet

IPX-PEX PPPGE Modem

[

: |00BASE-TX UTP |
| i ADSL 2/2+4 ,
]

1.3 Product Specifications

Model VIP-8030NT

LAN 1 x 100BASE-TX RJ-45 for LAN

Port PC 1 x 100BASE-TX RJ-45 for PC
EXT-MIC 2 x RJ9 for microphone

Audio Input 4 x microphone

Audio Output 1 x full duplex hands-free speakerphone

4 x power LED
3 x SIP LED

LED indicator

Software
Audio Standard G.711, G.726, G.729, iLBC, GSM

SIP 2.0 RFC 3261, TCP/IP, UDP, RTP,HTTP,
ARP,ICMP,DNS, DDNS, DHCP(client), NTP, Telnet
Echo Cancellation G.168

Access Mode Static IP, PPPoE, DHCP

Phone Features

Network Protocol

DHCP Client on LAN

Main DNS and secondary DNS server

NTP Client

QoS with DiffServ

3 SIP servers

Voice Gain Setting, VAD, CNG

Supports jitter buffer

Supports SIP domain, SIP authentication (none, basic)
Basic Features DNS name of server, Peer to Peer/IP call

DTMF Relay: Supports Inbound, SIP info, RFC2833
Supports STUN

Volume adjustment

Professional Speaker and HD voice

Network

-13 -
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SIP Applications

Call Forward

Call Transfer (blind/attended/alert)
Call Holding

Call Waiting

Call Paging and Intercom

Call Park/Pickup

Redial

Click to dial

Call Control Features

Do Not Disturb (DND)
Auto Answer

Caller ID

Dial without registration

Advanced Applications

Friendly graphic menu

Voice recording during talking, auto answer and local
incoming calls, outgoing calls and missing calls.
Supports Phonebook 140 records

Management

Web and keypad management
Management with different account rights
Automatic upgrades/configuration deployment

1.4 Physical Specifications and Packaging

Physical Specifications

pDimensions

Dimensions (W x D x H) 305 x 305 x 64 mm

Net Weight

1298g (without package)

BASIC PACKAGING

Power Unit

RJ45 Cable x 1
Power Cord x 1
RJ11 Cable x 1
RJ9 Cable x 2

Desiccant x 3

Conference IP Phone Unit

Quick Installation Guide

Extended Microphone x 2
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1.5 Keypad

) K eypad, LED and definitions

2
Number Description
1 LCD (128 x 64 pixel)
2 Microphone x 4
3 Keypad (including SIP key, VoIP key, conference key...)
4 Speaker (volume up to 90db and 14 levels adjustable)
5 LED (Blue indicates dialing; red indicates mute function)

ballinterface Description
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FC LAN POWER EXT-MIC1
SD / SDHC Record conference call, maximum size 4GB class4.
EXT-MIC2 Connect to the second extended microphone
EXT-MIC1 Connect to the first extended microphone
POWER Connect to power unit via RJ45 cable; the length is 6.5 meters.
LAN 10/100M -- Connect it to Network
PC 10/100M -- Connect it to PC

Package Information

Dimensions (W x D x H) 425 x 154 x 335 mm
Weight 3.82 kg (gross weight)
Carton Dimensions (W x D x H) 641 x 441 x 360 mm
Carton Weight 15.28kg (gross weight)
Carton Unit 4 pcs.

1.6 Default Setting

Default WAN IP 172.16.0.1
Default Subnet Mask 255.255.0.0
Default Gateway 172.16.0.254
Default PC IP 192.168.0.1
Default Login User Name admin
Default Login Password 123
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Chapter 2. Initial Connection and Login

The package should contain the following items plus VIP-6040PT. If any item is missing or damaged, please
contact the seller immediately.

1 x Quick Installation

Guide 1x Power Adapter 1x AC Power Cord 1 x RJ-45 cable for power
1 x RJ11 cable for 2 x RJ9 cable for .
) 2 x Extended Microphone
PSTN extended microphone

Step 1. Connecting power and PSTN line

1. Plug power cable into the ext. jack of the power unit and the other end into the power jack of the
VIP-8030NT.

2. Plug the RJ11 cable into the line jack on the AC adapter and the other end into a telephone wall jack.
3. Plug the AC power cord into the AC power outlet.

VIP-8030NT'’s
power port
=
L
L
Power outlel
&
LINE
Wall phone jack EXT

Step 2. Connecting network and extended microphone

1. Plug one end of the RJ45 cable into the switch and the other end into the LAN port of the VIP-8030NT. The
default IP is 172.16.0.1.
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2. Plug the extended microphones into the EXT1 and EXT2 jacks of the VIP-8030NT. And place the extension
microphones to a proper location for optimal voice communication.

PC LAN POWER EXT-MIC1

Switch

EXT-MIC1

EXT-MIC2

Step 3. Using search utility to find the VIP-8030NT
The VIP-8030NT supports Planet smart discovery utility where it can be used to easily find the IP of the
VIP-8030NT. You can download it on Planet website (http://www.planet.com.tw/en/support/download.php).

Step 4. Login Prompt

Use Web browser (Internet Explorer 8.0 or above) to connect to 172.16.0.1 (type this address in the address
bar of Web browser). When connecting to PC port, you need to key-in 192.168.0.1 in the address bar of Web
browser.
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Users are prompted to input user name and password: admin and 123

Login VolP

Enter your username and password to login
VoIP server

Username

Password
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Chapter 3. Web Configuration

3.1 Instructions of the Web Environment

3.1.1 Pre-settings
3.1.1.1 Network settings
Network Mode: Default NAT Mode
WAN Port: Fixed IP Mode, for example, 172.16.0.1
LAN Port (PC Port): DHCP Server, IP Address: 192.168.0.1

3.1.1.2 Web Page
Web Login page, for example, http://192.168.0.1
»  Login Account:
® Administrator’s Right: Login Account: admin, Password: 123
®  Special Right: Login Account: system, Password: 123
Normal Right: Login Account: user, Password: 123

Some setting not allow normal user used, e.g. System->Advanced setting

3.1.2 Login VolP Web Page

3.1.2.1 Functions
It provides login system management page.

3.1.2.2 Instructions

Login VolP

Enter your username and password to login

VolIP server
Username
Password
Username Input user’s name -- can be numerals or letters.
Password Input password -- can be numerals or letters.
Login [Button] Login the system
Clear [Button] Clear all information.

3.1.2.3 Operating Instructions
Step 1: Open IE, input IP address [for example, http://192.168.0.1] and then enter.
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Step 2: Login [Login VoIP] page, input “admin” for both Username and Password and then press [Login].

Login VoIP

Enter your username and password to login

VolIP server
Username |admin |
Password |ees |

Step 3: After logging in to the system, the System Information will appear.

|_save | Reboot

‘(‘/ &w System Features

Welcome To Home Page!

System Information

This page illustrate the system related information.

Madel MName: WVIP-8030NT
Firmware Version: Tue Mov 18 11:53:13 2014 (1003116}
Codec Version: Mon Mar 25 15:19:23 2013 (1303250)

3.2 VolIP Setting

3.2.1 Functions

It provides SIP Setting, Network Setting, System Setting, Phone Book, Features Setting, Update, Save and
Reboot.

3.2.2 Instructions
__save | Reboot

.‘/ PLM Home SIP Network System Phone Book Features Update

Welcome To Home Page!

System Information

This page illustrate the system related information.

Madel MName: WVIP-8030NT
Firmware Version: Tue Mov 18 11:53:13 2014 (1003116}
Codec Version: Mon Mar 25 15:19:23 2013 (1303250)
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System Information

LABEL DESCRIPTION
SIP Provides Profile, Port Setting, Codec Setting, Codec ID Setting, DTMF Setting,
RPort Setting, Stun Setting and other Settings.
Network Provides Network Status, WAN Setting, LAN Setting, DDNS Setting, VLAN
Setting, DMZ Setting and Virtual Server.
System Provides Authentication Setting, Auto Config Setting, FXO Port Setting, Mac
Clone Setting, Tone Setting, Advanced Setting, Log, Auto Answer Setting and
Dial Plan Setting.
Phone Book Provides Phone Book and Speed Dial (for Phone)
Features Provides CallFwd Setting, Volume Setting, Rngtone Setting, DND Setting, Flash
Timing, CallWaiting Setting, Softkey Setting, Hotline Setting and Alarm Setting.
Update Provides Firmware, Auto Update and Default Setting
Save Save the change.
Reboot Restart the system.

3.2.3 Functions

View Model Name, Firmware Version, Codec Version, etc.

3.2.4 Instructions

System Information

This page illustrate the system related information

Model Name VIP-3030NT
Firmware Version Tue Mov 18 11:53:13 2014 (1003116
Codec Version Maon Mar 25 15:19:23 2013 (1303250)

Model Name

Shows the name of the equipment

Firmware Version

Shows the RISC version information, e.g., Tue Nov 18 11:53:13 2014
(1003116).

Codec Version

Show the DSP version information, e.g., Mon Mar 25 15:19:23 2013 (1303250).

3.3 Save Change

3.3.1 Functions

When the web page information is changed, please make sure to save the change by clicking [Submit]. After
all the changes are done, the system should be restarted. [Save change]-- [Save Change Setting] -- [Save].
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3.3.2 Operating Instructions

Step 1: On the main page, select [Networks>WAN Settings] and enter [WAN Settings] page; after changing
the information, press [Submit].

WAN Settings

You could configure the WAN settings in this page.

LAN Mode: O Bridge ® NAT

WAN Setting

IP Type: ® Fixed P O DHCP Client O PPPoE
IP- [192.168.1.54 |

Mask: |255.255.255.0 |

Gateway: [192.168.1.254 |

DNS Type: ® Fixed O Auto

DNS Serverl: [168.95.1.1 |

DNS Server2: |5.8538 |

MAC: | |

Host Name: | |

Step 2: After saving the changes, the “dialog box” will be seen.

Note Information

This page inform user important infarmation.

Configure OK.

You have to save and reboot the VolP to effect those changes.

Step 3: On the main page, press the save button on the upper right corner to make the change effective.

Save Changes

You have to save changes to effect them.

Save Changes:
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Step 4: The [dialog box] page will appear, meaning it has been saved successfully. The system will reboot
automatically. Please wait for a second.

Note Information

This page inform user important information

Configure OK.

System will reboot automaitcally to effect those changes and please wait
for a moment while rebooting....
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Chapter 4. SIP Setting

It provides Profile, Port Setting, Code Setting, Codec ID Setting, DTMF Setting, RPort Setting, Stun Setting,
and other Settings.

4.1 Service Domain

4.1.1 Functions

Service Domain provides 3 entries information and status.

4.1.2 Instructions

Service Domain Settings

You could set information of service domains in this page

Realm Mo.: Realm 1 »

Active: Oon ®of
Display MName:

User Name:
Register Name:
Register Password:
Dornain Server:
Proxy Server:
Outbound Praxy:

Subscribe for MWI- O 0On @ Of
Status: Mot Registered

Default: Realm1. Please press “1*” and hang up the phone when transferring to
Realm 1 (Default) o
the 17 registered number.
Active Default: OFF. When setting to ON, registered account will be active.
Display Name Can be numerals or characters. Maximum length: 31
User Name Can be numerals or characters. Maximum length: 31
Register Name Can be numerals or characters. Maximum length: 31
Register Password Can be numerals or characters. Maximum length: 31
Input Domain Server information. Can be IP Address or Domain Name. Format:
Domain Server XXX XXX XXX.XXX s Maximum length is 63 bytes. If special Port Address is needed,
please add it. For example, voip.planetddns.com
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Proxy Server

Input Proxy Server information. Can be IP Address or Domain Name. Format:
XXX XXX XXX.XXX s Maximum length is 63 bytes. If special Port Address is needed,
please add it. For example, voip.planetddns.com

Outbound Proxy

Input Outbound Proxy information. Can be IP Address or Domain Name.
Format: xxx.xxx.xxx.xxx ; Maximum length is 63 bytes. If special Port Address is
needed, please add it. For example, voip.planetddns.com

Subscribe to MWI

Subscribe to MWI function

Your Registered SIP Proxy server must support this function.

Status

Not Registered (failed), Registered (Successfully)

4.1.3 Instructions

Example 1: Register SIP Proxy Port number: 5060

Step 1: On the main page, select [SIP-> Profile] and enter [profile] page. After revising the information (e.g.,
Active: On, Display Name: 800, User Name: 800, Register Name: 800, Register Password: 800800,

Domain Server:

210.61.134.91, Proxy Server: 210.61.134.91, Outbound Proxy: 210.61.134.91,

Subscribe to MWI: off), click [Submit].

Service Domain Settings

You could set information of service domains in this page

Realm Ho.: Realm 1 +

Active: ®@on Oof

Display Nare: 300

User Name: G300

Register Mame: 300

Register Password: LTI YT T
Domain Server: 210.61.134.91

Proxy Server: 210.61.134.91
Outbound Proxy: 210.61.134.91
Subscribe for MWVI: Con ®Oof

Status: Registered

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second

while the system reboots.

-26 -




@ PLANET

Networking & Communication HD Voice Conference IP Phone with PSTN (3-Line)
VIP-8030NT

Step: 4: If PAGE NOT FOUND appears after re-login, please press Embedding Home Page to go to the access
page.

Note Information

This page inform user important information.

Configure OK.

You have to re-login.

PAGE NOT FOUND

The requested URL was not found on this server.

VolP System Embedded WEE Server 1.0, 2005
Web Server for Embedded Applications
Embedding Home Page

Example 2: Start Subscribe to MWI
Step 1: On the main page, select [SIP-> Profile], start Subscribe to MWI, (e.g., Subscribe to MWI: on) and then

click [Submit].
Service Domain Settings

You could set information of service domains in this page.

Realm No.:
Ream

Active: ®on Ooff

Display Name: |EUU |
User Name: |EUU |
Register Mame: |8[][] |
Register Password: |nnnnnnnu |
Domain Senver: 210.61.134.91 |
Proxy Server: 210.61.134.91 |
Outbound Proxy- 210 61.134 91 |
Subscribe for MWI: @on COof

Status: Registered

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
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Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: After rebooting the system, and when making call to another equipment, please check the [Ethereal]

and [Request: Subscribe] information.

A VM PET.cap - Ethereal

Eile Ed Mo Go Cephire Anshae Stabstics Help

SEgoa el @ RevoFL BE Qe @MEX &

Eier. [ = Expression. Clear Apply
No.. | Time Saource Diestination Totoca, Info
1 Q.000000 210,942,249, F10.62.249, 61 e foguest; REGISTER 31pi2l0.62,149.40
2 0.00BTHE 710,670,149, 63 J10.67.249. 32 SIF Status: J00 Ok (0 bindings )
i
4 0,148324  710.67.24%9. 10. .23 5IF Status: 200 ok
5 0.152680 7106234 710 2z SIP MBQUEST! WOTIFY £1012210710. 62,149, 22 1S0S01TrANSPONT-UDR
6 0.711596 710, . 1 149,61 pild STatus: 700 oK
T T.ABHLO8  S10.62.349. 220 1 149.23 SIF  ReGUESti HOTIFY 42,249, ANSPOFTAUDE
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TransporteubE:
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1. Ethereal has been renamed to wireshark.
2. Please refer Appendix install wireshark program.
3. Below several samples also use Ethereal explaining.

4.2 Port Setting (SIP and RTP Settings)

4.2.1 Functions
Port Setting provides SIP and RTP port number information.
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4.2.2 Instructions

Port Settings

You could set the port number in this page

SIP Port: 5060 {0~65533) (Set 0 for auto, range as hellow)
RTP Paort: 20000 {0~65533) (Set 0 for auto, range as bellow)
SIP Port Range: 10000 ~ (10999 (1024~40000)
RTP Port Range: 20000 ~ (21999 (1024~40000)

SIP Port Default: 5060; display the SIP number information. Only numerals are
accepted. Data range: (10~65533). Maximum length: 5 bytes.

S B Default: 60000; display the RTP number information. Only numerals are
accepted. Data range: (10~65533). Maximum length: 5 bytes.

SIP Port Range Default: 10000~10999; provides the range of SIP Port (1024~40000).

RTP Port Range Default: 20000~21999; provides the range of RTP Port (1024~40000).

Submit [Button] Submit the change.

Reset [Button] Clear the change.

4.2.3 Operating Instructions
Step 1: On the main page, select [SIP-> Port] and enter [Port] page. After revising the information (e.g., SIP
Port: 5060, RTP Port: 6000), click [Submit].

Port Settings

You could set the port number in this page

SIP Port: 5060 (0~65533) (Set 0 for auto, range as hellow)
RTP Port: 20000 {0~65533) (Set 0 for auto, range as bellow)
SIP Port Range: 10000 ~ (10999 (1024~40000)
RTP Port Range: 20000 ~ (21999 (1024~40000)

Step 2: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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4.3 Codec Setting

4.3.1 Functions
Code Setting provides Codec priority, RTP Packet Length and Voice VAD function.

iLBC and G.723 cannot exist at the same time.

4.3.2 Instructions

Codec Settings

You could set the codec settings in this page

Codec Prigrity 1 G711 adaw
Codec Priority 2 (G711 ulaw ¥
Codec Priority 3: G.729 hd
Codec Priority 4 iLBC hd
Codec Priority & ‘Not Used ¥
Codec Priority 6: Mot Used |+
Codec Priority 7: Mot Used v
Codec Priority 8 Mot Used b
Codec Priority 9: Mot Used  w

RTP Packet Length

G.711& G 729 40ms |

ILBC 30 ms |+

Codec Priority Set the Codec Priority.
Default: G.711 u-law; Codec Priority 1. Not used, G.711u-law, G.711a-law,
G.723, G.279, G.726-16, G.726-24, G.726-32, G.726—40, GSM mode.

Codec Priority 1

Codec Priority 2 Default: G.711a-law; Codec Priority 2
Codec Priority 3 Default: G.729; Codec Priority 3
Codec Priority 4 Default: iLBC; Codec Priority 4
Codec Priority 5 Default: Not Used; Codec Priority 5
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Codec Priority 6

Default: Not Used; Codec Priority 6

Codec Priority 7

Default: Not Used; Codec Priority 7

Codec Priority 8

Default: Not Used; Codec Priority 8

Codec Priority 9

Default: Not Used; Codec Priority 9.

RTP Packet Length

Provides RTP Packet Length information.

Default: 20 ms; G.711 & G.729 Packet length. Provides 10ms, 20ms, 30ms,

G711 & G.729
40ms,50ms, 60ms, 70ms, 80ms, 90ms mode.
iLBC Default: 30 ms; G.723 Packet Length. Provides 30ms, 60ms, 90ms mode.
. Default: OFF. When setting to ON, Voice Active Detection (VAD) will be
Voice VAD

active; provides ON and OFF mode.

Submit [Button]

Submit the change.

Reset [Button]

Clear the change.

4.3.3 Operating Instructions

Step 1: On the main page, select [SIP & Codec] and enter [Codec] page. After revising the information (e.qg.,
Codec Priority 1: G.729, Priority 2: G.711a-law, Priority 3: G.711lulaw, Priority 4: iLBC, Priority 5:
G.726-16, Priority 6: G.726-24, Priority 7: G.726 32, Priority 8: G.726 40, Priority 9: GSM, G.711 and
G.279: 60ms, iLBC: 30ms, Voice VAD: on), click [Submit].

Codec Settings

You could set the codec settings in this page

Codec Prigrity 1 G711 adaw (%
Codec Priority 2 G711 ulaw &
Codec Priority 3 G.729 v
Codec Priority 4 iLeC b
Codec Priority 5 Not Used v
Codec Priority 6 Mot Used @+
Codec Priority 7 Mot Used &
Codsc Priority 8 Mot Used b
Codec Priority 9: Mot Used  w

RTP Packet Length

GT7T11&G.729 40 ms |»

ILBC

I ms =

Voice VAD

Oon ®or
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Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: After rebooting and making call to equipment, the new Codec mode will be adopted.

4.4 Codec ID Settings

4.4.1 Functions
Codec ID Setting provides G726, RFC2833 and iLBC etc. Type ID information.

4.4.2 Instructions

Codec ID Setting

You could set the value of Codec 1D in this page

CodecType 0 [DefaultValue
G726-16 ID- 23 {95~255) 23

GT26-24 1D- 22 {95~255) 22

G726-32 ID: 2 {95~255) 2

GT26-40 1D- 21 (95~255) 21

RFC 2833 ID- 101 {95~255) 101

iLBC ID- 97 {95~255) g7

Codec Type Display the value of Codec ID .inforlfnation. .Provides G726-16, G726-24,
G726-32, G726-40, RFC2833 and iLBC information.

G726-16 ID Display G726-16 ID information.
Display the current ID: 23. When changing the ID, please close (Default Value)

ID column. Only numerals are accepted. Data range (95~255). Maximum length: 3
bytes.

Default Value 23.

G726-24 ID Display G726-24 information.

I Default: 22. Only numerals are accepted. Data range (95~255). Maximum
length: 3 bytes.

Default Value 97.

G726-32 ID Display G726-32 information.

D Default: 2. Only numerals are accepted. Data range (95~255). Maximum length:
3 bytes.
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Default Value

23.

G726-40 1D

Display G726-40 information.

ID

Default: 21. Only numerals are accepted. Data range (95~255). Maximum
length: 3 bytes.

Default Value

21.

RFC 2833 ID Display RFC 2833 information.

D Default: 101. Only numerals are accepted. Data range (95~255). Maximum
length: 3 bytes.

Default Value 101.

iLBC ID Display iLBC information.

= Default: 97. Only numerals are accepted. Data range (95~255). Maximum

length: 3 bytes.

Default Value

97.

Submit [Button]

Submit the change.

Reset [Button]

Clear the change.

4.4.3 Operating Instructions
Step 1: On the main page, select [SIP > Codec ID] and enter [Codec ID] page. After revising the information

(e.g., RFC 2833 ID Default Value: Disable, ID: 96), click [Submit].

Codec ID Setting

You could set the value of Codec 1D in this page

Codec Type D [DefaultValue
372616 1D- 23 {95~255) 23
3726-24 ID- 22 {95~255) 22
G726-32 ID: 2 {95~255) 2
(3726-40 ID- 21 {95~255) 21

RFC 2833 ID- 101 (95~255) 101

iLBC ID- g7 {95~255) 97

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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45 DTMF Settings

4.5.1 Functions
DTMF Setting provides three kinds of DTMF modes: RFC2833, In Band DTFM and Send DTMF SIP Info.

4.5.2 Instructions
DTMF Setting

You could set the DTIMF setting in this page

@ RFC 2833
O Inband DTIMF
) Send DTMF SIP Info
RFC2833 Default: RFC 2833 ; Transfer DTMF mode information. Provides RFC2833.
In band DTMF Transfer DTMF mode information. Provides In Band.
Send DTMF SIP Info | Transfer DTMF mode information. Provides SIP Info.
Submit [Button] Submit the change.
Reset [Button] Clear the change.

4.5.3 Operating Instructions

Example 1: RFC2833

Step 1: On the main page, select [SIP>DTMF] and enter [DTMF] page. After revising the information (e.g.,
RFC2833), click [Submit].

DTMF Setting

You could set the DTMF setting in this page

&) RFC 2833
O Inband DTMF
O Send DTMF SIP Info

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: After rebooting and making call to another equipment, press DTMF (e.g.:222); please check [Ethereal]
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Packet and [RTP EV, Payload Type=RTP Event, DTMF xx] column.

@& (Ungitled) - Ethereal

File Edit View Go Caphwe Anahre Stalistics Help
BEegieos odx s R++9F 2 EE QA daMEX 8

= Expression.. Clear Apply

Diestination Tatoco, nfo
&

Source
- M FhL L, SIRALRLO IOUEVOOY,

P i PRy IUU LyRERL U= “ 'y SERFLE . )N
1. RTP  Payload Type=ITU-T G.7Ll PCMA, SSRC=2430327487, Seqe18324, Time=493i7467
z AT Payload Typa=ITU=T G.711 PCMA, SSRC=ZRSRGZERR0, S8q=UlR, Time=18600
1592 Y S, 2 RTP BV Payload types ? Euent, [TMI w2
152,168.1. 152,168.1,206 ETP. EV Payload type=RTP Event, OTMF Twd 2
192.166.1. 192.168.1. 206 RTP EV Payload TypE=RTP Event, DTMF Two 2
102,168, 1 167.168.1. 206 ETR BV Payload TipesRTP Fusnt, DTME Twn I
1%92.168.1 192,168,1, 208 RTF EV Payload TypesRTR Event, DTMF Two 2
192.168.1 192.1 208 BTP EV Payload TypesRTP Event, DTMF Two 2
162.168.1 192.1 208 RTF EV Payload TypesRTP Event. OTMF Two 2
162.168.1 162.1 206 RTP Ev Payload Type=RTP Event, DTME Ten 2 (end)
192.68,.1. 152,168,1. 206 BTP OV Payload TypesRTP Dvent, DTME Two 2 (end)
192.168.1. 152.168.1.206 ATP BV Payload type=ATP Event, DTMF Two 2 (end)
192.165.1.206 192.168.1.2 RIP Payload TypEsITU-T G.711 PCMA, SSRC=283B626BB0, Seqs019, Time=19760 .

.. = Reserved bit: WoU set
.0,. = Don't fragment: NOT £et
..0. = More fragments: NOr set
Fragment of fset: 0
Time to Tve: 61
Frotocol: UbR (0x1)
Header checksum: DxFesE [correct]
[Good: True]
[Bad : False]
Source: 162.168.1.2 (192.168.1.2)
pestination: 192.168.1.206 (192.168.1.206)
2 USr DATAGram Protocol, SFC POFT: 60000 (600000, DST POFTD 60000 (600007
Source port: 60000 (60000)
pestination port: 60000 (60000)
Length: 24
checksum: xcbdS [correct]
Rgal-Time Transport Protoco]
= [Stream setup by SOP CFrame 230]
: fram
[Setup Method: soP]
Our oun. = version: mFC 168% version (20

. = Padding: False
.. = matension: ralse
= coneributing source fdencifiers court: O
....... = Marker: True
payload type: telephone-svent (101)
Sequence number: 16325
Timestamp: 4937627
synchronization Source fdemcifier: 2430327467
RFC 2833 ATP Event

O... .... = &nd of Event: False

0. ... o Aeserved: False

ool G000 = volume: 16

gvent puration: O

000 00 Oe 43 OO0 01 59 00 O¢ OB 05 2¢ Ja 08 00 45 &
o010 00 ¢ 02 31 00 00 3d 11 6 5F <O 38 01 OF <0 3B
{0l 01 ce ea 60 ea G0 00 18 <b dS B0 e5 if oS 00 d4b
0030 57 ob O1 &5 2e FF M 10 00 O 00 OO

Event 1D {tpevenLevenl_id), 1 bybe ED 3900, 390 W 0 Crops. 0

1. Ethereal has been renamed to wireshark.
2. Please refer Appendix install wireshark program.
3. Below several samples also use Ethereal explaining.

Example 2: InBand DTMF
Step 1: On the main page, select [SIP->DTMF] and enter [DTMF] page. After revising the information (e.g.,

InBand DTMF), click [Submit].

DTMF Setting

You could set the DTMF setting in this page.

CORFC 2333
& Inband DTMF
O Send DTMF SIP Info

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: After rebooting and making call to another equipment, press DTMF (e.g.: 222); please check [Ethereal]
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Packet. Because of [In-Band] mode, nothing will be found in the Packet.
9 (Untitled) - Ethereal
(Elle Edit View Go Cepture Anslze Staiisics Lelp
Beee PR xRE RevoF 2 B QA $¥EX @
| Eter frmai=rez 812 - Expression... Clear Apply
Destinati Totoco Info

earkar 1 e B _ETA_Paras
capturs Length: 214 bytes
[Protocols in frame: eth:ipiudp:rip)
= Erherner 1I, Srec: 162 163.1.2 (EEESSSS—, [st: 192 165.1.206 (I
Destination: 192.168.1.200 (EEEEEEEISES
SOUFCE] Lye.aos. L, I
Tumss Te e
= Tnternet Protocol, Src: 192.168.1.2 (192.168.1.2), DST!: 192.168.1.206 (192.168.1.206)
wversion: 4
weader length: 20
= pifferantiited serv ces Fleld: Oxa0 (DSCP Ox28: Class Selector §; ECH: Owd0)
1010 00,. = Differentiated Services Codepoint: Class Selector § (0x28)
ces 2.0, = ECN-Capable Transport (ECT): O
+ eaa@ = ECN-CE: O
Toral Lingth: 200
lﬂeﬂ!ﬂ‘iciﬂoﬂ 0x003a (58)
= Flags: Ow00
O... = Reserved bit: wot set
W0, = Don't frawent: WOt et >

|

Example 3: Send DTMF SIP Info
Step 1: On the main page, select [SIP->DTMF] and enter [DTMF] page. After revising the information (e.qg.,
Send DTMF SIP info), click [Submit].

DTMF Setting

You could set the DTMF setting in this page.

O RFC 2833
O Inband DTMF
@ Send DTMF SIP Info

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step 4: After rebooting and making call to another equipment, press DTMF (e.g.:111); please check [Ethereal]
Packet and [SIP, Request: INFO SIP: xxxx] column.

@ (Ungitled) - Fiheres

Eile Edit View Go Caphwe Analyze Stalistics Help
BEges ol 8 ReswF e EE QQaf EVEX @

Eilter: [psddr==192 16812 - Ewpression.. Clear Apply

Mo . Time Source Ciastination ‘rotoco. Info
65 6, 221124 lN.lb&l-slﬁ iﬂ.lﬂ-l.z v

369 6, 245391
370 6. 267414

372 ha Tnaras T B e i S S a —asts = & ———3tan ~

=TT UYUT 2
O... = Reserved bit: wot sex
.0,, = Don't fragment: WOt set
«+U. = More fragments: NoT set
Fragnent offset: 0
Time to lve: &1
erotocol: woe (0dl)
& Meader checksum: 0xF37a [correct]
[Good: Trus]
[bad : False)
Source: 192.168.1.2 (192.168.1.2)
cestination: 162.168.1.206 (162.166.1.206)
& User Datagres Protocol, Sro Port: 5060 (50600, O3t Porti 5060 (50400
Source port: 5060 (5060)
pvestination pore: 5060 (50600
Length: 459
checkeum: OxRl4d [correct]
= session Iniriarion Protocol
Request-Line: INFO Sipi22068192.168.1.206:50680 SIP/2.0
Method: INFQ
[Resent Packer: False]
5 Message Header
via: 51P/2.0/UDP 102.168.1,2:5060; rport; branch-20hGibrifezdifad?
@ From: «sip:07020653000192,168.1, 2:5060>; 1ag=A3e9856c
TP from sddrass: £1pi0TOZOGUIOOONGZ.168.1. 715060
SIP Tag! G3E0656C
= To: esipruseipOlar, 168,1, 206 tage0ieliaf
31F to address: sipiuselpOl92.l68.1.206
5IP tag: 03ellalf
call-10: 442807291Fe637b4 5081 accScHCT0630192,168,1, 2
= Contact: <s1p:07020603006102,168,1. 2: 5060
@ Contact Binding: «sip:07020693000192.1468.1.2:5060>
= URT: <£9p:07070GUI00OIG. 16,1, 715060
SIP contact address: s1p:07020693008192.163.1. 215060
cseq: B12 INFO
subject: CM-INFO
Content-Type: application/dimf-relay
User-Agent: cMSk (7020700
content-Length: 24

5 Message boo
burat fon=250%\n -

0120 79 O0d Oa 55 73 65 72 2d 41 67 65 Gc T4 32 20 43 y..user ﬂgu\nt: < =

[ibh  4d 5 4b 20 20 28 37 50 32 30 37 30 29 Od Ou 43 M3 (70 2070)..C

ket &F 6o 74 65 6o 74 2d 4 65 60 67 74 6B 33 20 32  ontent-L ength: 3

1do 24 0d 0a 0d 03 4.,

foled 75 72 Gl 74 69 = 4 35 30 va wration= 250.. ~
!P 5030, 498 M. 0 Drops. 0

4.6 RPort Setting

4.6.1 Function
RPort Setting provides RPort Setting.

4.6.2 Instructions
RPort Setting

You could enable/disable the RPort setting in this page.

RFart: @®on OO0f

Default: O. When setting to ON, RPort setting will be active. It provides ON and
OFF modes.

RPort

Submit [Button] Submit the change.

Reset [Button] Clear the change.
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4.6.3 Operating Instructions

Step 1: On the main page, select [SIP->RPort] and enter [Rport] page. After revising the information (e.g.:
RPort: on), click [Submit].

RPort Setting

You could enable/disable the RPort setting in this page.

RPort: @on OO0f

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: After rebooting and making call to another equipment, please check [Ethereal] Packet and [Message

Hearer] with the tag “received” and “rport” in “Via” column. That is used for recording IP Address and

Port Number.

& (Untitled) - Ethereal

Eile Edit Yiew Go Capture Anehze Staistcs Help

Beaese cRlx a8 ResoF 2 EE Qaafl gMEX @

Eiter: [55 =+ Expression. Clear Apply
Mo . Time Destination Totace: Info 3
7% 1P ETaTust 7 Prd

auzhenticarion nequired
2,

il

6. 71, with session description

TRAS0 RAQUANE: THVITE $1p: 206861, 230170167 05481, with seision description
SIP/S0 Stitu)l 183 session Progress, with sessfon Ulﬁcﬂnﬂoﬂ
sratws: 100 Trying

Ing'
s i T1 REGISTER 51pi6l,62.236.71
Sip  scavier 100 Teying | CL bAndings)
£1P Sratisd 401 Unauthorfzed € bindings) S

anu 1t 1 e 180.1.21 [‘.w 1on
uger DAEMgram

)
“IBO {50600
9 [correc \]

5 session (nnm iul protecal
Status-L /2.0 100 Trying

AWCEL, OFTIONS, BYE, REFER, SUBSCRIBE, WOTIFY

[RFE 007 via Headar (sig.viah, 87 byes [P 760 0: 30 W 0 Drapa. 0

4.7 STUN Setting

4.7.1 Functions
STUN Setting could set the IP of STUN Server information.
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4.7.2 Instructions
STUN Setting

You could set the IP of STUM server in this page

STUN: Con ®@O0f

STUM Server:

STUN Port: (B0~B5535)
Force Public IP: Con ®O0f

Public IP address:
Part: (B0~B5535)

STUN Default: Off. When setting to ON, STUN will be active.
Default: stun.xten.com; Can be I[P Address or Domain Name. Format:
XXX XXX XXX.XXX ;5 Maximum length: 63 bytes.

STUN Server

STUN Port Default: 3478; Data range: (1024~65535); Maximum length: 5 bytes.
Submit [Button] Submit the change.
Reset [Button] Clear the change.

4.7.3 Operating Instructions
Step 1: On the main page, select [SIP->STUN] and enter [STUN] page. After revising the information (e.g.,
STUN: On, STUN Server: stun.xten.com, SUTN Port: 3478), click [Submit].

STUN Setting

You could set the IP of STUM server in this page

STUN: Con @Of

STUM Server:

STUN Port: (B0~65535)
Force Public IP: Con @O0f

Public IP address:
Part: (80~65535)

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step 4: Please check [Ethereal] Packet. The information that is sent to STUN Server will be seen.

Eile Edit Yiew Go Capwre Analyze Statsics Help

Sedoe ol 8 ResoTF2 EE aaafl @VEX @
Eilter: [stun = Expression.. Clear Apply

Mo Tiere Sowee Dastination ‘rotoce Infe

Mesgage: DAnding Respansa
Hessage: Binding Response -

[Bad : False] =)
Source! B4, 6%, 76, 23 (B4.60.76.23)
vestination: 192.158.1.206 (192.168.1,206)
= User DATagram Protocol, $ro Port: 3TE (3ATE). OST POrT: 5060 (50600
reo port: TATE (HTH)
pestination port: $060 {$064)
Lengzh: 96

checksum: Oxl6eé [correct)
= Simple Traversal of UCe Through WAT
Message Type: Dinding Respense (0x0101)
HEssage LeEng
Message T
& ATTribuT
5 ATTrDUTE: MABPEO-ADCRESS
Attribute Type: MASPEO-ADCSESS (0x0000)
Attribute Length
Protocal Family:

%0044
saction I0: SEDZEEDGOSESEYLEIETHNROE JORLSCH2

B
IPvd (Ox00013

DORE:
CURCE-ADDRESS (0wdiM )

ute Type:

attribute Length:

protocel Famdly: tevd {0x0000)
3

347

1P: 64,60, 7623 (B4.60.76.23)

5 arteibute: CHa ALORESS.
artribute Type: CHANGED-ADORESS (OxGO0%)
artribute Length: 8
prozacol Family: IFvd (0XDO0L)
Pore: 3470
IR 64,69, 76, 20 (84,60, 76, 24)

® Artribute: Uriknown (OxB0Z00
Attribute Type: Unkngwn (OxE0200
attribute Length: §

= ArTribute: urin
avere

0xR0Z2)
e (OXBO22)

C 00 of ap a1 #a B3 00 04 00 OF GO oL

50 0d 96 40 43 4c 17 fo Ei EIE EE 00 UL 0d 7 40 45

60 4¢ LB 80 20 00 0% 00 01 02 57 b3 36 10 9 &0 2%

70 00 10 §8 &F T8 89 84 L Je &F 72 87 10 30 2e 39
36 00

P {etn e, 2 batee [FEEEImD

4.8 Other Settings

4.8.1 Functions

Other Settings provide the application that is related to SIP, including Hold by RFC, QoS, SIP Expire Time, Use
DNS SRV, etc.
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4.8.

2 Instructions

Other Settings

You could set other settings in this page

Hold by RFC: Con ®Of

Woice QoS (Dif-Ser): 40 (0~B3)

SIP Qo8 (Diff-Sen): 40 {0~B63)

SIP Expire Time: 60 {15~86400 sec, O=define by Server)
Use DNS SRV: Con ®Of

Send Keep Alives Packet: O on ®of

Keep Alives Period: 60 {(15~250 sec)

Jitter Buffer: 1 {0~32 packets)

SIP Server type: General b

SIP VID (WLAN): 0 (2~4094. D:disabled)

RTP VID (VLAN): 0

(2~4094, D:disabled)

Hold by RFC

Default: Off. When setting to ON, Hold by RFC function will be active. Provides
ON and OFF modes.

Voice QoS (Diff-Serv)

Default: 40; Only numerals are accepted. Data range: (0~63). Maximum length
is 2 bytes.

SIP QoS (Diff-Serv)

Default: 40; Only numerals are accepted. Data range: (0~63). Maximum length
is 2 bytes.

SIP Expire Time

Default: 60; Only numerals are accepted. Data range: (30~86400 sec).
Maximum length is 5 bytes.

Use DNS SRV

When setting to ON, DNS SRV will be used to search host information.
Provides ON and OFF modes.

Submit [Button]

Submit the change.

Reset [Button]

Clear the change.
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4.8.3 Operating Instructions
Example 1: Start Hold by RFC

Step 1: On the main page, select [SIP->Other] and enter [Other] page. After revising the information (e.g., Hold
by RFC: on), click [Submit].

Other Settings

You could set other settings in this page

Hold by RFC: ®on Oof

Voice QoS (Diff-Serv): 40 (0~B3)

SIP QoS (Diff-Sen): 40 (0~B63)

SIP Expire Time: 60 (15~86400 sec, 0=define by Semner)
Use DNS SRV O 0on @®Of

Send Keep Alives Packet: Qon ®Oof

Keep Alives Period: 60 (15~250 sec)

Jitter Buffer: 1 {0~32 packets)

SIP Server type: General A

SIPVID (WVLAN): 0 (2~4094, O:disabled)
RTP WID {(WLAN): 0 (2~4094, O:disabled)

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step 4: After rebooting and making call to equipment, press [Flash] and hold this call. Hold function change to
“sendonly” even. Please refer to the following picture, column [[Media Attribute (a): sendonly].

Eile Edit View Go Captre Anahze Statistics Help

BHOAN PA P RevoFL BN QQar GUEX © I

= Bwprassion.. Clear Appy

Diestination ‘reRocd Info
1128 LAY e R T |
128 SIP/SD Status: 200 oK. with session description
225 lo»!e»’:li; e REQUEST D ACK 5‘9!5“0»50»?»!“(“
L 22T SIP/SD STATUS! 200 oK, with session description
126 lO se 9 22? 5 ACK §1p: 93000810, 56.9. 22729060
,%gg IO 50 @, ii? 5000610 56.9.227:25060, with session description
227 . :glh sessfon description
136 1o, 327 S&i n e
1126 10, 56. 9,227
227 10,56, 9,220
127 1 26
126
25

02 783 10, 3 1P 100 Tl')ﬂu
21 23.492714  10.96.9.225 10,569,123 SIP/50 STatus: 200 oK. with sesston description -
TP T e T T S T TUUCI T T T ION 2
Staq: Bl Imre
e appleationsds
Nlul\l. CMEK (80922
ent-Length: 137
S Message body
5 Sesston bescription Protocoel

Session Description Pratocol version [v
& ownerforeator, Session 1d {a): - 56802 O m 14 L. 569,123
rrame
to: 56N
sesston verston: o
Cwrer Network Type: IN
Owner amdress Type: 1P4
Ownar apdress: 10.56.9.13%
sessfon Name (50 SIP CALS
& Connectfon Infarmation (c.) IN IP4 10.56.9.123
CornEcTion MeTwork Type:r IN
dress Type: 164

active tine (21 0 0
seszdon start Time:
tession $Top Tima: 0
5 Media Description, rame and address gn): audio 60000 RTRAUS O
Media Type: audio
wedia porc: G000

MBcla Broto: RTR/AE
Media Format: ITU-T G711 PoMU
= media attribute (a): rtpmap:0 vcnu/sno:l
Media setribute Fieldname: re
AexrABin values b POHOBOOD

40 3% L0 cu 43 4L 3¢ d¢ 0d U2 B3 3d 4% de c0 4% 30
50 34 F0 Bl 30 2 35 36 2r 3% 2e 31 37 33 00 0a 74

I0030 0d 0@ 60 30 GL 75 64 GO &F F0 36 30
70 30 B0 BG 20 52 54 50 3F 41 34 50 20 30 0d 04 61

B¢ 72 74 7O 6d 6L 70 Ja §0 20 90 45 4d 53 2F §E
fore0 30 50 50 0d Da
04

e iy (e meda_uar, 18 i [P 59 0. 30M 0

Example 2: Without Using DNS SRV
Step 1: Please check [Ethereal] Packet and [Standard query response A 220.128.207.131] Packet information.

Elle Edt Yew Go Capure Analze Statishics Help

Bogee w8 QesoF 2
Eifter: [sig i dne = Expression,. Clear Apply
Source

Qeafl @EMEX @

Tolote Infe

b FLIE 1S 5 270,178.207. 1 | kequesT: REGISTER 51| . pEercall,
55 14.184640  220.128.207.131  192,188.1.% IR ETatus! 401 mhﬂ‘gihﬂp {0 Bindings)
5714472291 192.168.1.% FIF R : AEGISTEE sipieip. peercall. com
36 14.522823 P STATUST 200 O 1 b
151 19.808842  192.168.1.% 188.04.192.1 RS standard guery & time. windows
152 19.731336  188.95.102.1 192,188.1.% ohE Srandard guery respomie A 207 JO 1302000 & 207 46,232 305

BonT Tragment: Mot Set -
MOre fraghents: NOT seT

Fratoce]: UDP {Ox1l)
@ Header checksum: OwS3ge [correct]
[Socd: True]
[Bad : #alse]
Source: 152.168.1.5 (102.140.1.%)
Destination: 168.93.192.1 (166.95.192.1)
W User Datagram Protocol, Sre Port: 13T CL2ET), DSt Portt domafn ($5)
Scurce port: 1287 (1387
pestination part: domain (530

chicksim: Oxdile [correct]
= Domafin neme System (oueryd
Transaction In: 0x1234
W Flagsi QxOL00 {3Tandard query)
= Raspan
= tpcode
= Truncate

Metsage 15 a query
ardard query (8)

Message i3 nat truncated
n desfred: po query recursively

= Wan-auThenticated data ok: won-authenticated data 15 unaccepsable

nutlu—mr Rh o

additional ans: 0
& queries

= 51p.pearcall, com: Type &, class In

Typei A (Mol adoress ]
Class: I (0(00!11) i
00 00 50 7F €0 71 1 %07 00 0L 0 00 4% 00
3o 60 Te 0 63 00 66 34 11 23 36 0 48 3 % af o
920 €0 1 03 07 00 §% 0O 34 2 e 17 34 01 00 00 01
5] H
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Example 3: Using User DNS SRV

Step 1: On the main page, select [SIP->Other] and enter [Other] page. After revising the information (e.g.,
Used DNS SRV: on), click [Submit].

Other Settings

You could set other settings in this page

Hold by RFC: Oon @of

Voice QoS (Diff-Sernv): 40 (0~63)

SIP QoS (Diff-Senv): 40 (0~B3)

SIP Esxpire Time: 60 {15~86400 sec, O=define by Server)
Use DNS SRV ®on OOof

Send Keep Alives Packet: QOon @Of

Keep Alives Period: 60 (15~250 sec)

Jitter Buffer: 1 (0~32 packets)

SIP Server type: General v

SIP VID (WLAN): 0 {2~4094, 0-disabled)
RTP VID (WVLAMN): 0 (2~4094. 0:disabled)

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step 4: Please check [Ethereal] and [Standard query] column, [Standard query SRV_sip_upd.sip.peercall.com]

information will be found.

Ele Edt Mew Go Capre Anakzo Seatistics Halp

EBupes 2A*®8 QesDF e

Eifter: [dne § sip

= Expression,. Clear Apply

Qeafl @EMEX @

Dastingtion

168,95.197.1
192.168.1. %
140, 99,297.1
192,168,1.3

e

Tolote Infe

“Exandard guery res
STandar;

EEiiiiiiiﬁiiii

19.-1%;'

EIIIIFCI'I'I.IN-
2 rnomu W e

'stmru wy Rv .HD-M s purann o

suvmrﬂ mll';r slv _ﬂn-.llﬂ s! nmal'l om

Srandard guery responie, WO

Szandard guery Sy J1m.M<fi .wrnl'l.cm
Standard Query res

srandard guery m _nu.ammg alran'l com

d query. o m:nrn‘l “con
Sandard guary r 138:207.131
Request s luu'rn smﬂ!n DM
SEATLE S LT hord 2ed vjnd‘m)
nqusu Ims'rn s1pisip; poercalt, con

- L
Erapmern offssr: O
Thme te 1ive: 1
Fratoce]: UDP {Ox1l)

& weader checksum: On53ad [eorrect]

[Bad : False]
Source: 162.166.1.5 (1
Source port: 4287

Lengrh: 52
checksun: 0:2688 [corr

Trantaction Io: 0x1234
u Flags| OGL00 (sTandard

question: 'I
Arviwae RRS
author ity Rh o
additicnal ]

W queries
= _s1p._udp, $4p. peerca

Wi

Typei SRV (Service
Class: IN (Ox0ODLY

02.148.1.%)

Destination: 168.93.192.1 (166.95.192.1)
W User Datagram Protocol, Sre Port: 13T CL2ET), DSt Portt domafn ($5)
87

pestination part: domain (530

wet]

= Domafin Neme System (oueryd

o query)

ardard query (8)

= man-auTherticated data ok:

11.com; Type SRV, class IN

_sAp. _udp. s1p, peercal 1, con

Tacatiand

Raspanse: Message 15 a query

man-authenticated data 15 unaccepsable

00 OO0 S0 JF £0 7L S& 0O O A% O
of AR 00 03 00 OF Al 5F
G oa 00 m

IF TS o4 70

62 0F 65 of

- 45 -



@ PLANET

Networking & Communication HD Voice Conference IP Phone with PSTN (3-Line)
VIP-8030NT

Chapter 5. Network Setting

It provides Network Status, WAN Setting, LAN Setting, DDNS Setting, VLAN Setting, DMZ Setting, Virtual
Server and SNTP Setting.

5.1 Status

5.1.1 Functions

Network Status shows the current network status.

5.1.2 Instructions
Network Status (Bridge Mode)

Network Status

This page shows current status of network interfaces of the system

System Up Time: 0 dia(s) 0 hora(s) 3 minuto(s)
Metwork Link Up Time: 0 diafs) 0 hara{s) 3 minuta(s)

Type: Fixed IP Client

[=2 192 168.1.45

Wask: 255 255 25510

Gateway: 192.168.1.254

DMNS Server 1- 202.96.125.166

DNS Server 2 202 96134 133
Interface O Shows the current status of Interface O(WAN Port)
Type Shows the current type.
IP Shows the current IP address.
Mask Shows the current subnet mask IP address.
Gateway Shows the current default gateway IP address.
DNS Server 1 Shows the current DNS server 1 IP address.
DNS Server 2 Shows the current DNS server 2 IP address.
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Network Status (NAT Mode)
Network Status

This page shows current status of network interfaces of the system

System Up Time:
MNetwork Link Up Time:

0 dia(s) 0 hora(s) 2 minuto(s)

0 dia(s) 0 hora(s) 2 minuto(s)

Type: Fixed IP Client
P 192.168.1.45
Mask: 2552552550
Gateway: 192.168.1.254
DNS Server 1: 202.96.128.166
DMNS Server 2: 202.96.134.133

Type: Fixed IP Client
P 192.168.0.1
Mask: 255.255.255.0
Gateway: 192.168.0.1
DNS Server 1: 202.96.125.166
DMNS Server 2: 202.96.134 133

Interface O Shows the current status of Interface O(WAN Port)
Type Shows the current type.

IP Shows the current IP address.

Mask Shows the current subnet mask IP address.
Gateway Shows the current default gateway IP address.
DNS Server 1 Shows the current DNS Server 1 IP address.
DNS Server 2 Shows the current DNS Server 2 IP address.
Interface 1 Shows the current status of Interface 1(LAN Port)
Type Shows the current type.

IP Shows the current IP address.

Mask Shows the current subnet mask IP address.
Gateway Shows the current default gateway IP address.
DNS Server 1 Shows the current DNS server 1 IP address.
DNS Server 2 Shows the current DNS server 2 IP address.
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5.1.3 Operating Instructions

Step 1: On the main page, select [Network—> Status] and Network Status will be seen.

Network Status

This page shows current status of network interfaces of the system.

System Up Time:

Metwork Link Up Time:

0 dia(s) 11 hora(s) 16 minutols)
0 dials) 1 hora(s) 16 minuto(s)

Interface 0

Type:

IP:

Mask:
Gateway:
DMS Server 1
DMS Server 2:

Fixed IP Client
192.168.1.54
255 2852550
192 168.1.254
168.8511
8888

Interface 1

Type:

IF:

Mask:
Gateway:
DMS Server 1:
DMS Server 2:

5.2 WAN Setting

5.2.1 Function

WAN Setting provides WAN Setting.

Fixed IP Client
192.168.0.1
255.255.255.0
192.168.0.1
168.95.1.1
88388
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5.2.2 Instructions

WAN Settings

You could configure the WAN settings in this page

LAMN Mode: O Bridge © NAT

WAN Setting

IP Type: CFixed IP O DHCP Client & PPPoE
IP:

Mask:

Gateway

DNS Type: OFixed O Auto

DNS Servert: 168.95.1.1

DNS Server2: 8583

MAC

Host Mame

PPPoE Setting

User Name 10399199
Passwaord: SRBRBNBRRERRARNNS
Fassword: sesasdassdiRaRes
Senice Name:
AC Name:
LAN Mode Default: NAT. NAT is different from WAN; LAN will dispatch IP to DHCP Server
automatically. When Bridge is on, WAN and LAN can be at the same subnet.
WAN Setting Provides the WAN setting
IP Type Default: DHCP Client, provides Fixed IP, obtains IP Address automatically.
PPPoE: ADSL Dialing number.
IP Default: current IP Address; or any IP Address that is xxx.xxx.xxx.xxx. |f would
like to change IP Address, please set IP Type as “Fixed IP”. Maximum length is
15 bytes.
Mask Default: current Subnet Mask IP Address. Format: xxx.xxx.xxx.xxx. Or change
Subnet Mask IP. Maximum length is 15 bytes.
Gateway Default: current gateway IP address; or change Gateway IP. Maximum length

is 15 bytes.

DNS Server 1

Default: 168.95.192.1. Can input IP or Domain Name, format: XXX.XXX.XXX.XXX. If
you would like to gain DHCP or PPPoE Server automatically, please fill in this
blank as “0.0.0.0". Maximum length is 15 bytes.

DNS Server 2 Default: 168.95.1.1. Can input IP or Domain Name, format: Xxx.XXX.XXX.XXX. If
you would like to gain DHCP or PPPoE Server automatically, please fill in this
blank as “0.0.0.0". Maximum length is 15 bytes.

MAC Show MAC ID Address. Maximum length is 12 bytes.

Host Name Default: product name. Numerals or characters are both acceptable. Length: 15

bytes.

PPPoE Setting

Provides PPPOE Setting.

User Name Provides user’'s name of PPPoE Server; can be numerals or characters.
Length: 63 bytes.
Password Provides password of PPPoE Server; can be numerals or characters. Length:
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63 bytes.

Service Name

Provides service’s name of PPPoE server; can be numerals or characters.
Maximum length is 63 bytes.

AC Name Provides AC’'s name of PPPoE server; can be numerals or characters.
Maximum length is 63 bytes.
Submit [Button] Submit the change.

Reset [Button]

Clear the change.

5.2.3 Operating Instruction

Step 1: On the main page, select [Network>WAN] and enter [WAN] page. After revising information (e.g., IP
Type: DHCP client), click [Submit].

WAN Settings

Yaou could configure the WAN seftings in this page.

LAN Mode: O Bridge © NAT

WAN Setting

IP Type: O Fixed IP (2 DHCP Client © PPPoE
IP:

Mask

Gateway

DNS Type: OFied O Auto

DNS Server!: 168.95.1.1

DNS Server2: BBBE

MAC:

Host Mame: VOIP_PHOME

PPPOE Setting

User Mame:

Passwaord:
Fassword:

Senvice Name:

A Mame:

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step 4: To view [Host Name] by Ethereal, please refer to [Option 12Host Name= “VOIP Phone”] as follows.

Eile Edit View Go Caplure Anahze Slaustcs Help

Begee o R Re+»9F L E6 Qb #VHEX @

Eittar [dhep ~ Exprassion  Clear Apphy |
Mo.

Tirme Source

Destination ‘rotoca Info
¥ T

3 g 5 ¥ Tral i 45Ca

38110249339 0000 255.255,255.255 ‘Transaccion I0COxeerd5ca

3511525052900 1925168101 A532550 258N STransaction T00OxeefdSca

TA 27.074114  192.168.1.1 255,255,255, 255 : ﬂ'nr\sacum m nruns!m‘ i
oA TGN BT RR AR aL A EI R Tramdsed miare & orima ud o8

TUETTC T TCE T T R TOUT LT
= Flags: Ox00
0... = Reserved biti Mot set
.0.. = pon't Fragment: Not set
- = More fragments: ot set
Fragnient offset: 0
Time to 1ive:
protocol: uop (Oxll)
= Header checksum: Ox7cab [correct]
[Goed: True]
[Bad : False]
Source; 0,0.0.0 (0.0.0,0)
bestination: 255.255.255.255 (255.255.255.255)
= User patagram erotocol, sro Port: bootpe (653, DSt Port: hootps (A7)
Source port: bootpe (6E)
pestination port: bootps (&7)
Lergeh: 308
Checksum: O0xBled [correct]
= Doorstrap Protocol
MEssage TypE: LODT MEqUEST (1)
Hardware type: Ethernet
Hirdware address length: 6
Hops: O
Tra tion 10: Oxden?dSca
sazonds elapsed: 0
= pootp Flags: 0w8000 (oroadcast)
1. ... = Broadcast flag: Broadcast
000 0060 0000 GUDD = Reserued £lags: 0x0000
client TP address: 0.0.0.0 (0.0.0.0)
vour (client) IP addre 9.0,
next server 1P addres J0.00
ralay agent 1P address: 0.0.0.
€lient MAC address: 192.168.1.
Seruer host name not given
poot 110 mame not given
Magic covkie: (0K}
P

1 client ddentifier
Hardware type: Fthernet
Client WAC address: 192.165.1.3 (E———
end option -

K110 00 00 00 O0 00 00 &3 &2 53 b3 3% 01 1
e1zo 3o o4 78 m m

L 07 01 00 01 ad @2 9% 9l 00 00 00 00 00 0D -,
o4 00 00 00 00 00 00 00 00 00 00 00 00 00 00 00 OO
K150 00 00 00 00 00 00

[ 80 C: 80 M: 0 Drops- 0

5.3 LAN Setting

5.3.1 Function
LAN Setting provides LAN setting, including DHCP Server function.
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5.3.2 Instructions
LAN Settings
You could configure the LAN settings in this page.
1P 182.168.01
Iask: 255.255.255.0
MAC:
DHCP Semver O 0on @ of
Start IP: 150
EndIP: 200
Lease Time: 1 10 (dd:hh)
LAN Setting Provides LAN Setting.
IP Default: 192.168.0.1 Format: XxXx.XXX.XXX.XxX. Maximum length is 15 bytes.
Default: 255.255.255.0 provides Subnet Mask IP Address. Format:
Mask ! i
XXX XXX XXX.XXX. Maximum length is 15 bytes.
MAC Shows MAD ID information. Maximum length is 12 bytes.
DHCP Server Provides DHCP Server information.
DHCP Server Default: OFF. When setting to ON, DHCP Server will run automatically.
Default: 150, to set Start IP information. From (1~254). Maximum length is 3
Start IP bytes
End IP Default: 200, to set End IP information. From (1~254). Maximum length is 3
bytes.
Lease Time Default: 1:0 (dd: hh), to set lease time for dispatching IP information. From
(00:00~99:23). Maximum length is 2 bytes.
Submit [Button] Submit the change.
Reset [Button] Clear the change.
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5.3.3 Operating Instructions

Step 1: On the main page, select [Network-> LAN] and enter [LAN] page. After revising information (e.g., IP:
192.168.200.1, Start IP: 50, End IP: 100, Lease Time: 00:05), click [Submit].

LAN Settings

You could configure the LAN seftings in this page.

LAN Setting

IP: 182.168.200.1
Mask: 255.255.255.
MAC:

DHCP Server

DHCP Server: @ on O Off

Start IP: g0

End IP: 100

Lease Time: 1] |05 (dd:hh})

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

5.4 DDNS Setting

5.4.1 Functions
DDNS Setting provides the floating IP information. There are four DDNS Servers.
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5.4.2 Instructions

DDNS Settings

You could setthe configuration of DDME in this page.

DOMS: @on Ooff

Host Mame: 2030nt.planetddns.com
User Mame: test0d

FPassword: ssseese

E-mail Address:

DDME Server:

DDOMSE Server List: planetddns.com A
Type: customer
Wild Card: an ~
BACKM: Oon @of
Off Line: Con ©of
Default: OFF. When setting to ON, DDNS will come into run. Maximum length is
DDNS
63 bytes.
Maximum length is 63 bytes.
Host Name Input Host name; can be IP Address or Domain Name. Format: XXx.XXX.XXX.XXX.
Length: 63 bytes
User Name Input user’s name for registering DDNS Server.
Password Input the password. Maximum length is 63 bytes.

E-mail Address

Input e-mail address. Maximum length is 63 bytes.

DDNS Server

Maximum length is 60 bytes.
Input DDNS Server; can be I[P Address or
XXX XXX XXX XXX. Maximum length is 63 bytes.

Domain Name. Format:

DDNS Server List

Default: OFF. Display DDNS server’s name list information.
Provides user input, members.dyndns.rog, www.dtdns.com, ddns.com.cn and
planetddns.com.

Default: planetddns. Provides dyndns, statdns, customer, 3 items. If you choose

Type customer, you can change the type information.
Default: ON. Provides On, Off, Nochg 3 items. Not all DNS providers can
Wild Card provide Wild Card. So if there is an issue about this, please contact your
provider.
Default: OFF. When setting to ON, BACKMAX will come into run. Not all DNS
providers can provide this service, so of there is an issue about this, please
contact your provider.
BACKMX :
L4 MX records serve a specific purpose: They let you specify the host
(server) to which mail for a specific domain should be sent.
OFF Line Default: OFF. When setting to ON, OFF Line will come into run.
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Redirection of HTTP requests to hosts which are marked offline
is available to users who have purchased some type of upgrade
credit only. As a credited user, you will see an “Offline URL”

range and a “Set Offline” checkbox. Simply enter the URL you
wish to redirect to in the text range (or leave it blank to get a
U=l generic page), and check the “ Set Offline” box. Users accessing
http:/lyourhost.dyndns.org/ will be redirected to this page until
you update normally, or manually uncheck the box in the web
form.

Submit [Button]

Submit the change.

Reset [Button]

Clear the change.

5.4.3 Operating Instructions
Example 1: Using WWW.DYNDNS.COM
Step 1: On the main page, select [Network->DDNS] and enter [DDNS] page. After revising information (e.g.,
DDNS: On, Host Name: 8030nt.planetddns.com, User Name: test08, Password: xxxxxX, E-mail
Address: support.planet.com.tw, DNS Server: www.planetdns.com, DDNS Server List: User Input,

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Type: customer, Wild Card: on, BACKMX: off, Off Line: off), click [Submit].

DDNS Settings

You could set the configuration of DDME in this page.

DDHS: @on Oof

Host Mame: a8030nt.planetddns.com
User Mame: testls

FPassward: sessen

E-mail Address:

DDMS Server: w.planetddns.com
DDME Server List: planetddns.com b
Type: customer w

Wild Card: an v

BACKIX: Qon Qo

Off Line: OCon @of

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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5.5 VLAN Setting
5.5.1 Functions
VLAN Setting provides Client information of WAN and VLAN information of LAN.
Need to work with switch decode VLAN.
5.5.2 Instructions
VLAN Settings
You could set the VLAN settings in this page
VLAN Packets: Con ®O0F
VID (802 1QUTAG) 136 (2 ~ 4094
User Priority (802.1P): 0 0-~7)
CFI 0 0~1)
VLAN Packets Etgfr?g(ljt OFF. When setting to ON, receiving VALN Packets function will be
VID Default: 136. Provides Virtual LAN ID (VLAN or VID) for VLAN Server. Data
range: 2~4094. Maximum length is 4 bytes.
User Priority Default: 0. Set the user’s priority. Data range: (0~7). Maximum length is 1 bytes.

Default: 0. To set Canonical Format Indicator (CFl) for one byte.

Data Range (0~1)

The CFI bit is used to indicate that all MAC addresses present in the MAC data
field are in canonical format. This field is interpreted differently depending on
CFlI whether it is an Ethernet-encoded tag header or a SNAP-encoded tag header.
In SNAP-encoded TPID, the field indicates the presence or absence of the
canonical format of addresses. In Ethernet-encoded TPID, it indicates the
presence of the Source-Routing Information (RIF) field after the length field.
The RIF field indicates routing on Ethernet frames.

Submit [Button] Submit the change.

Reset [Button] Clear the change.

5.5.3 Operating Instructions

Step 1: On the main page, select [Network>VLAN] and enter [VLAN] page. After revising information (e.g.
VLAN Packets: on, VID (802.1Q/TAG): 100, User Priority (802.1P):0, CFGI: 0), click [Submit].
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VLAN Settings

You could setthe VLAN settings in this page.

VLAN Packets: ®on Qof
VID (8021 QUTAG): 100 (2 ~ 4094)
User Priority (302.1P): 0 0~7)
CFI: 0 ~1

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

5.6 DMZ Setting

5.6.1 Function

DMZ Setting provides DMZ data.

5.6.2 Instructions

DMZ Setting

You could configure your demilitarized zone setting in this page

DMZ: Oon ®of

DMZ Host IP:

DMZ

Default: OFF. When setting to ON, all ethereal logs will be sent to the IP.
(Except SIP related logs.)

DMZ Host IP

Input IP Address information; can be IP or Domain Name. Format:
XXX XXX XXX.XXX. Length: 15 bytes.

Submit [Button]

Submit the change.
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5.6.3 Instruction

Step 1: On the main page, select [Network>DMZ] and enter [DMZ] page. After revising tone information, click
[Submit].

DMZ Setting

You could configure your demilitarized zone setting in this page

DINZ: ®on OO0f

DMZ Host IP: 192.168.0.123

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

5.7 Virtual Server

5.7.1 Function

Virtual Server Setting provides 24 sets of Virtual Server information.
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5.7.2 Instructions

Virtual Server Settings

You could set your virtual servers in this page. The usual port numbers are VWEB [TCP 80], FTP{Contral)
[TCP 21], FTP{Data) [TCP 20]. E-mail{POP3) [TCP 110]. E-mail{SMTP} [TCP 25]. DNE [UDP 53] and
Telent [TCP 23]

Virtual Server Page: page 1 ¥

Enable | Protocol Server |IP Select
| Num | Enable | Protocol | __InPort | ExPort | ServerlP | Select]

= & T = W R = S

[ Enable Selected ][ Delete Salected ] l Delete All I lResetI

Add Virtual Server

Server [P

Protocol TCP w
Internal Port Start Internal Port End

External Port Start External FPort End

[ Add Server ] | Reseat |

Virtual Server Page

Default: Page 1. Page 1~Page 3 are available.

Num

Shows the Number Setting Range: (0-23).24 entries in total.

Enable

Shows the status. Default: Disable. When setting to Enable, this
function will be started.

Protocol

Protocol: use TCP or UDP

Internal Port Start

Shows the start address of Internal Port.

Internal Port End

Shows the end address of Internal Port.

External Port Start

Shows the start address of External Port.

External Port End

Shows the end address of External Port.

Server IP

Shows the Server IP Address.

Select

Default: Disable.

Enable Selected [Button]

Start Enable Selected information.

Delete Selected [Button]

Execute delete selected information.

Delete All [Button]

Delete all information.

Reset [Button]

Clear selected information.

Add Virtual Server

Add new Virtual Server Information.

Server IP

Input IP information; can be IP Address or Domain Name. Format:
XXX XXX XXX.XXX. Maximum length is 15 bytes.

Protocol

Default: TCP, use tcp or udp

Internal Port

Display internal port address. Data range: (1~65533). Maximum
length is 5 bytes.
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External Port

Display internal port address. Data range: (1~65533). Maximum
length is 5 bytes.

Add Server [Button] Add new Add Server information.

Reset [Button]

Clear selected information.

5.7.3 Operating Instructions

Step 1: On the main page, select [Network->Virtual Server] and enter [Virtual Server] page. After revising
information (Server IP: 192.168.0.123, Protocol: TCP, Internal Port: 8080, External Port: 8080), click

[Submit].

Virtual Server Settings

You could set your vitual semvers in this page. The usual port numbers are WEB [TCP 80], FTR{Control)
[TCP 21], FTP{Data) [TCP 20]. E-mail(POP3) [TCP 110], E-mail{SMTP) [TCP 25], DNS [UDP 53] and
Telent [TCP 23]

Virtual Server Page: page 1 ¥

| Num | Enable | Protocol | __InPort | _ExPort | SeverlP | Select]

- o O e W N = D

| Enable Selected ]l Delete Selected ] | Delete All ] |Re-;et|

Add Virtual Server

Server IP 192 168.0.123

Protocol TCP |»

Internal Port Start 8080 Internal Port End 8080
External Port Start 8030 External Port End 8080

: Add Server J [Reset]

Step 2: You have to save and reboot the system or affect the virtual server.
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Step 3: After adding all information, please save change.
Virtual Server Settings

You could set yvour vitual servers in this page. The usual port numbers are WEB [TCP 80], FTP{Control)
[TCP 21]. FTP(Data} [TCP 20]. E-mailiPOP3) [TCP 110]. E-mail(SMTP) [TCP 25]. DMS [UDP 53] and
Telent [TCP 23]

Virtual Server Page: |page 1

[ Num | Enable | Protocol | __InPort | _ExPort ] __ ServerlP | Select]

TCP 8030 3080 192.168.0.123 F

0
1
2
3
4
5
6
7

[ Enable Selected ][ Delete Selected ] [ Delete All ] [Reset]

Step 4: On the main page, press the save button on upper right corner to make the change effective. The [Note
Information] page will be seen, meaning it has been saved successfully. And the system will reboot.
Please wait for a while.

5.8 SNTP Setting

5.8.1 Function

SNTP Setting provides the website of time setting for the server.
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5.8.2 Instructions
SNTP Settings
ou could set the SNTP zarvers and Daylight Saving Time (DET) in this page
SNTP ®on Oon
Brimary Seryern north-america, poal.ntp.ong
Secondary Server: asia.poal.ntp.org
Time Zone: cHT | = || 0B » 00 % (hhmm
Syne. Time o B 0 (dd:hh:men)
Auto Reboot: Eon Ooff
aule Rebool Tims 02 % (|00 % (hh:rmm
Daylight Saving: Cyon @ oo
DST Offset
=T Start Date:
Day of Manth
WWeek of Manth
Ly @ Mantn
Week of Manth
Start Time:
DST End Date:
Day of Month
Week of Month
End Time:
Submit _.FxE-i-EI_.
SNTP When setting to ON, the SNTP is on; when setting to OFF, the SNTP is off.

Default: north-america.pool.ntp.org; can input IP or Domain Name, format is

7SS XXX XXX XXX.XXX; and the maximum length is 63 digits.

Default: asia.pool.ntp.org; can input IP or Domain Name, format is

Secondary Server XXX XXX XXX.XXX; and the maximum length is 63 digits.

Default: GMT + 8:00 (hh:mm), and the format is (+/-, hh:mm). Maximum length

Time Zone is 2 bytes.

Default: 00:06:00 (dd:hh:mm), it will check the time with the Server every other

Sync. Time

day, format: (dd:hh:mm). Maximum length is 2 bytes.

Auto Reboot

Default: ON, 02:00 (hh:mm). VIP-8030NT will automatic restart every day at
2:00, user can turn off this function if not in use.

Submit [Button]

Submit the change.

Reset [Button]

Clear the change.
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5.8.3 Operating Instructions

Step 1: On the main page, select [Network->SNTP] and enter [SNTP] page. After revising all information (e.qg.,
SNTP: on, Primary Server. 208.184.49.9, Secondary Server: time.stdtime.gov.tw, Time Zone:
GMT+08:00, Sync. Time: 00:12:00), click [Submit].

SNTP Settings
ou could zet the SNTP 2erverz and Daylight Saving Teme (DST) in this page.
SHTP: & on O ot

208,184,488

Primary Server;

Secondary Server:

Time Zone:

Sync. Time;

Auto Reboot:

Auto Reboot Time:

tme. stdtime. gov.tw

GUT |+ %] 08 3} 00 % (hh:mm

12 =0 (dd:hh;mm

(hh:rnm
Daylight Saving: Oon & off
DST Offsst:
DST Offset:
DST Start Date:
Day of Manth
Veek of Month
Start Time:
DST End Date:
Day of Month
Veek of Month
End Time:

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Chapter 6. System

It provides Authentication, Auto Config, FXO Port, MAC Clone, Tone, Advanced, Log, Auto Answer and Dial
Plan.

6.1 System Auth.

6.1.1 Function

System Authority provides 3 entries login username/ password information.

6.1.2 Instructions
System Authority

You could change the login usemame/passward in this page

New username:
Mew password:

Confirmed password:

New username Input new username. Can be numerals or characters; maximum length is 63
bytes.

New password Input new username. Can be numerals or characters; maximum length is 63
bytes.

Confirmed password | Input confirmed username. Can be numerals or characters; maximum length is
63 bytes.

Submit [Button] Submit the change.

Reset [Button] Clear the change.

€ Special user: User cannot login to the system with another login account. Special
user account cannot be changed.
& Default Account: Default Password: 123 for special user

Administrator: Can set only one account information.
Default Account: Default Password: 123 for adminstrator

Normal User: There are 5 accounts available. When using this account, the following
page cannot be open: [SIP Settings: including Service Domain, Port, Code, Codec ID,
DTMF, RPort and other], Auto Configuration, Tone, Auto Update, Default Setting, etc.
& Default Account: Default Password: 123 for normal user.
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6.1.3 Operating Instructions

Step 1: On the main page, select [System] and enter [Authentication] page. After revising the information (e.qg.,
New User Name: planet, New Password: 123456, Confirmed Password: 123456), click [Submit]

System Authority

You could change the login usemame/password in this page
New usemame: planst

MNew password: [T T T)

Confirmed password: sesees

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: Please restart IE, and input new User Name and Password.

6.2 Auto Config

6.2.1 Function

Auto Configuration Setting allows connecting with the host computer and downloading related
information and renewing the information in TFTP, FTP or HTTP modes.
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6.2.2 Instructions

Auto Configuration Setting

‘ou could enable/disable the auto configuration setting in this page

Auto configuration ®OoF OTFTP O FTP OHTIP

2 Steps configuration No |

Server auto discover Disablad M

TFTP Server:

TFTP File Path Exp. download
HTTP Server Exp. 60.35.187.30
HTTP File Path Exp. download
FTP Samver Exp. 60.35.17.1
FTP Usermame

FTP Password:

FTP File Path Exp. file/load
Scheduling No =

Next config time

| Reset

Auto Configuration

Default: Off, When TFTP is set to ON, the version will be renewed automatically
by using TFTP, FTP pr HTTP modes.

TFTP Server

Input TFTP Address. Can be IP Address or Domain Name. Format:
XXX XXX XXX.XXX; Maximum length: 63 bytes.

HTTP Server

Input HTTP Address. Can be IP Address or Domain Name. Format:
XXX XXX XXX.XXX; Maximum length: 63 bytes.

HTTP File Path

Input HTTP Path e.g., 123/; can be numerals or characters. Maximum length:
63 bytes.

FTP Server

Input FTP Address. Can be IP Address or Domain Name. Format:
XXX XXX XXX.XXX; Maximum length: 63 bytes.

FTP Username

Input FTP Username. Can be numerals or characters. Maximum length: 63
bytes.

FTP Password

Input FTP Password. Can be numerals or characters. Maximum length: 63
bytes.

FTP File Path

Input File Path. e.g., 123/; can be numerals or characters. Maximum length: 63
bytes.
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Submit [Button]

Submit the change.

Reset [Button]

Clear the change.

6.2.3 Operating Instructions
Example 1: Adopt HTTP to renew. (Please build Auto Configuration file first.)
Step 1: On the main page, select [System->Auto Config] and enter [Auto Configuration] page. After revising the

information (e.g., Auto Configuration: HTTP, HTTP Server: 192.168.1.47, HTTP Path: ffile/), click
[Submit] and save change.

Auto Configuration Setting

You could enable/dizable the auto configuration setting in this pags

Auto configuration Cof OTFTP O FTF @HTIP

2 Steps configuration No

Server auto discover Disabled b

TFTP Server

TFTP File Path Exp. download
HTTP Server 192.168.1.47 Exp. 60.35.187.30
HTTP File Path files Exp. download
FTP Server Exp. 60.35.17 1

FTP Username:

FIF Passwora

FTP File Path Exp. file/load

Scheduling No
Mext config time

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: After rebooting, it will connect to the file in HTTP Server, and start searching the fit information. After

renewing all information, the system will rebooting. Then please login and check it.
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Example 2: Using FTP to renew. (Please build Auto Configuration file.)

Step 1: On the main page, select [Others—>Auto Config] and enter [Auto Configuration Setting] page. After
revising the information (e.g., Auto Configuration: FTP, FTP Server192.168.1.47, FTP username and
password are test / 123456, File Path: ffile/), click [Submit] and save change.

Auto Configuration Setting

“‘ou could enable/dizable the aute configuration setting in this page.

Auto configuration: Ooff OTFTP @ FTP O HTTP

2 Steps configuration: Mo |

Server auto discover: Dizabled h

TFTP Server:

TFTP File Path: Exp. download
HTTP Server: Exp. 60.35.187.30
HTTP File Path: Exp. download
FTP Server: 182.168.1.47 Exp. 60.35.17 .1
FTP Usernams: test

FTP Pazzword: [TIT1IT]

FTP File Path: Hiled Exp. filefload
Scheduling: Ho |

Next config time:

Rezet

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: After rebooting, it will connect to the file in FTP Server, and start searching the fit information. After

renewing all information, the system will reboot. Then please login and check it.

6.3 FXO Port Setting

6.3.1 Function

FXO Impedance Setting displays the FXO Impedance of the analog telephone in different countries.
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6.3.2 Instructions
FXO Impedance Setting (Phone + FXO only)

FXO Setting

fou could =elect the FX0 impedence of the analeg tslephone by different country in this

page.

FX0 Port: Usa w

FX0 Silence Timeout 30 {1~250 minutes)
FX0O CID ferward: Con @ off

Reset

EXO Port Default: China. To select FXO Port impedance of the analog telephone in a
different country.

Submit [Button] Submit the change.

Reset [Button] Clear the change.

6.3.3 Operating Instructions

Step 1: On the main page, select [System—>FXO Port] and enter [FXO Port] page.
After revising the information (e.g., FXO Port: Thailand), click [Submit].

FXO Setting

You could select the FXO impedence of the analog telephone by different country in

this page

FX0 Port: Thailand A

FX0 Silence Timeout 30 {1~250 minutes)
FXO CID farward: ®on COof

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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6.4 MAC Clone

6.4.1 Function
You could enable / disable the MAC Clone setting.

6.4.2 Instruction
MAC Clone Setting (VolP Gateway only)

MAC Clone Setting

You could enable/disable the MAC clone setting in this page

MAC Clone Con @ O0f

MAC Clone Default: OFF. When setting to ON, Mac Clone function will be active.
Submit [Button] Submit the change.
Reset [Button] Clear the change.

6.4.3 Operating Instructions

Step 1: Please make sure that LAN Mode is NAT Mode, and your PC is connected to LAN Port. Use LAN to
enter page: (http://192.168.0.1)

Step 2: On the main page, select [System—>MAC Clone] and enter [MAC Clone] page. After revising the
information (e.g., MAC Clone: on), click [Submit].

MAC Clone Setting

You could enable/disable the MAC clone setting in this page

MAC Clone ®on OOof

Step 3: The following information will be found. Please click [OK].

Message from webpage

! E Flease make sure the lan port of your PC directly connect ko the lan pork of WoIP 11
L
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Step 4: The following information will be found. Please click [OK].

Message from webpage

. ?/ Are you sure bo clone the mac address of your PC to the witah interface of the voIP 7

l Ok l[ Cancel ]

Step 5: After saving the change, “Note Information” will be seen, meaning the change takes effect.

Step 6: On the main page, press the save button on upper right corner to make the change effective. The [Note
Information] page will be seen, meaning it has been saved successfully. And the system will reboot.
Please wait for a while.

Step 7: Enter the main page and select [Network->WAN]. Please copy your PC’s [MAC] Address to WAN Port.

Step 8: Your PC’'s MAC Address is: Physical Address: 00-16-E6-8C-F8-F3.

ommand Prompt

: Realtek RILE1 18 Family Gigabat

: B8-38-4F-91-DF-B2

: Harvell Yukon BBEBBSE PCI-E Gigabit
: B@-16-E6-8C-FB-F3
M

S8L Web UPN:

nnected
Adapter UYD
BE-1B

ocuments and Settinc

Step 9: The WAN MAC of VIP-8030NT will change to the same MAC as with PC’s MAC.

LAMN Mode (O Bridge @ MNAT

IP Type ®Fixed IP O DHCP Client O PPPoE
P 192 168.1.48

Mask 255 255 255 0

Gateway 192 1681254

DMS Type ® Fixed O Auto

DNS Server 202 96128 166

DNS Server2 202.96.134.133

MAC

When setting MAC Clone function, make sure that it is in LAN->NAT mode.
If Bridge mode is ON, it cannot work.
If you would like to restore, please activate (Restore Default Setting).
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6.5 Tones Setting

6.5.1 Function

Tones Setting provides Dial Tone, Ring Back Tone, Busy Tone, Congestion Tone and Call Waiting Tone.

6.5.2 Instructions
Tones Settings

You could configure your tones settings in this page

Cadence On:

HiTone Freq: | 425 | [428 | 425 | [ 620 | [428 | [440 |
LoToneFreq- | 0 | [ o | [ o |40 | [ o | |30 |
Hi-Tone Gain: |4s22 | 2261 | [2261 | 2261 | [1s380 | |2261 |
LoToneGain- 2261 | [ o | o || o |[[ o | [1130 |
Qn Time 1 [0 |10 |2 |13 |10 |3 |
Off Time 1 [0 | 400 |25 |20 | |40 |20 |
ontmez [0 [0 J[o J[o J[o J[=n |
Off Time 2: [o | o J[o 1o |[o | 40 |
Qn Time 3 [o |l o J[o Jlo |[o [][o |
Off Time 3: |0 | o [ o Jlo J[lo J[o |

Dial Tone Setting the Dial Tone information.
Cadence On Default: Disable.
) Default: 425; Only numerals are acceptable. Data range: (0~99999). Maximum
Hi-Tone Freq
length: 5 bytes.
Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Lo-Tone Freq
length: 5 bytes.
) . Default: 4522; Only numerals are acceptable. Data range: (0~99999). Maximum
Hi-Tone Gain
length: 5 bytes.
. Default: 2261; Only numerals are acceptable. Data range: (0~99999). Maximum
Lo-Tone Gain
length: 5 bytes.
i Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 1
length: 5 bytes.
i Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 1
length: 5 bytes.
i Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 2
length: 5 bytes.
i Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 2
length: 5 bytes.
On Time 3 Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
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length: 5 bytes.

Off Time 3

Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum

length: 5 bytes.

Ring Back Tone

Setting the Ring Back Tone information.

Cadence On

Default: Enable.

Hi-Tone Freq

Default: 425; Only numerals are acceptable. Data range: (0~99999). Maximum

length: 5 bytes.

Lo-Tone Freq

Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum

length: 5 bytes.

Hi-Tone Gain

Default: 2261; Only numerals are acceptable. Data range: (0~99999). Maximum

length: 5 bytes.

Lo-Tone Gain

Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum

length: 5 bytes.

Default: 100 Only numerals are acceptable. Data range: (0~99999). Maximum

OnTime 1
length: 5 bytes.
Off Time 1 Default: 400; Only numerals are acceptable. Data range: (0~99999). Maximum
i
length: 5 bytes.
, Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 2
length: 5 bytes.
) Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 2
length: 5 bytes.
, Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 3
length: 5 bytes.
) Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 3
length: 5 bytes.
Busy Tone Setting the Busy Tone information.
Cadence On Default: Enable.
) Default: 425; Only numerals are acceptable. Data range: (0~99999). Maximum
Hi-Tone Freq

length: 5 bytes.

Lo-Tone Freq

Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum

length: 5 bytes.

Hi-Tone Gain

Default: 2261; Only numerals are acceptable. Data range: (0~99999). Maximum

length: 5 bytes.

Lo-Tone Gain

Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum

length: 5 bytes.

Default: 25; Only numerals are acceptable. Data range: (0~99999). Maximum

On Time 1
length: 5 bytes.
i Default: 25; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 1
length: 5 bytes.
, Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 2
length: 5 bytes.
Off Time 2 Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
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length: 5 bytes.

Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum

On Time 3
length: 5 bytes.
) Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 3
length: 5 bytes.
Congestion Tone Setting the Congestion Tone information.
Cadence On Default: Enable.
) Default: 620; Only numerals are acceptable. Data range: (0~99999). Maximum
Hi-Tone Freq

length: 5 bytes.

Default: 480; Only numerals are acceptable. Data range: (0~99999). Maximum

Lo-Tone Fre
g length: 5 bytes.

Default: 2261; Only numerals are acceptable. Data range: (0~99999). Maximum
length: 5 bytes.

Hi-Tone Gain

Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
length: 5 bytes.

Lo-Tone Gain

Default: 30; Only numerals are acceptable. Data range: (0~99999). Maximum

OnTime 1
length: 5 bytes.
) Default: 20; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 1
length: 5 bytes.
, Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 2
length: 5 bytes.
) Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 2
length: 5 bytes.
, Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 3
length: 5 bytes.
) Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 3
length: 5 bytes.
Ring Tone Setting the Ring Tone information.
Cadence On Default: Enable.
) Default: 480; Only numerals are acceptable. Data range: (0~99999). Maximum
Hi-Tone Freq

length: 5 bytes.

Lo-T F Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
o-Tone Fre
a length: 5 bytes.

] ) Default: 15360 ; Only numerals are acceptable. Data range: (0~99999).
Hi-Tone Gain .
Maximum length: 5 bytes.

. Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Lo-Tone Gain
length: 5 bytes.

Default: 100; Only numerals are acceptable. Data range: (0~99999). Maximum

On Time 1
length: 5 bytes.
i Default: 400; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 1
length: 5 bytes.
On Time 2 Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
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length: 5 bytes.

length: 5 bytes.

) Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 2
length: 5 bytes.
, Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 3
length: 5 bytes.
) Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 3
length: 5 bytes.
Call Waiting Tone Setting the Call Waiting Tone information.
Cadence On Default: Enable.
) Default: 440; Only numerals are acceptable. Data range: (0~99999). Maximum
Hi-Tone Freq
length: 5 bytes.
Default: 350; Only numerals are acceptable. Data range: (0~99999). Maximum
Lo-Tone Freq
length: 5 bytes.
) . Default: 2261; Only numerals are acceptable. Data range: (0~99999). Maximum
Hi-Tone Gain
length: 5 bytes.
. Default: 1130; Only numerals are acceptable. Data range: (0~99999). Maximum
Lo-Tone Gain
length: 5 bytes.
, Default: 30; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 1
length: 5 bytes.
) Default: 20; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 1
length: 5 bytes.
, Default: 30; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 2
length: 5 bytes.
) Default: 400; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 2
length: 5 bytes.
, Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
On Time 3
length: 5 bytes.
) Default: 0; Only numerals are acceptable. Data range: (0~99999). Maximum
Off Time 3

Submit [Button]

Submit the change.

Reset [Button]

Clear the change.
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6.5.3 Operating Instruction

Step 1: On the main page, select [System—->Tone] and enter [Tone] page. After revising the information, click
[Submit].
Tones Settings

You could configure your tones settings in this page.

. . . Call
Dial Ring Back Congestion| . o
- Tone T!?Jne Busy Tone T?:me Ring Tone | Waitting
Tone
O ™

Cadence On: [v]

Hi-Tone Freq- | 425 | [425 | 425 | 620 | [4258 | [4a0 |
LoToneFreg: | 0 | [ o | [ o |40 | [ o | |30 |
Hi-Tone Gain: [4s22 | 2261 | [2261 | 2261 | [1s380 | |2261 |
LoToneGain- |2261 | | o | o || o |[[ o | [1130 |
Qn Time 1- [0 |10 |2 |3 | [1w00 |3 |
Off Time 1- 0 | [400 | [z |20 | |s00 |20 |
ontmez [0 [0 ][0 J[o J[o J[=n |
Off Time 2- [o |l o J[o 1o |[o | 40 |
Qn Time 3: [o |l o J[o Jlo |[o [][o |
otmez [0 | [0 J[o J[o J[o ][0 |

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: Making call to another equipment will change the frequency of Ring Back Tone.

6.6 Advanced Setting

6.6.1 Functions

Advanced Setting provides ICMP not Echo, Send Anonymous CID, Billing Signal CPC Delay, CPC
Duration, Send Flash event, and SIP Encrypt PPPOE retry period System Log Server functions.
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6.6.2 Instructions
Advanced Setting (VolIP only)

Advanced Setting

You could change advanced setting in this page

Auto Answer Call

ICMP Mot Echo

Send Anonymous CID
Management from VWAMN
Stop feature tone

IP Dialing format

Send Flash event
Encryption Type
Encryption Key

PPPoE retry period 5
System Log Server

System Log Type

OYes ®No
OYes ®MNo

Disahled b

®@vYes OMNo

COYes & No (MM forward block
Type 1 (@ x) ¥

Disabled b

Disabled i

FRERRRRRRRRERRRN

Seconds
172 16.0.100
All w

ICMP Not Echo

Default: No. When setting to YES, ICMP Not Echo function will be active.

Send
CID

Anonymous

Default: No. When setting to YES, sending out CID cannot be found by another
person. Your Registered Proxy server must support this function.

Send Flash event

Default: Disable. Provides Disable, DTMF Event and SIP Info modes.

PPPOE retry period

Default: 5 (Seconds); setting how long it takes for PPPoE retry when PPPoE
fails. Only numberals are accepted; data range: (5~255); maximum length: 3
bytes.

System Log Server

Display the system Log Server information and send System Log to the Server.
Can be IP Address or Domain Name Address. Format: XXX.XXX.XXX.XXX;
maximum length: 63 bytes.

System Log Type

Default: None. Provides None, Call Statistics, General Debug, Call Statistics +
General Debug, SIP Debug, Call Statistics + SIP Debug, General Debug + SIP
Debug and All modes.

Submit [Button)]

Submit the change.

Reset [Button]

Clear the change.

6.6.3 Operating Instructions
Example 1: Sending Anonymous CID

Step 1: On the main page, select [System—->Advanced] and enter [Advanced] page. After starting it, click
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[Submit].

Advanced Setting

You could change advanced setting in this page.

Auto Answer Call: OYes ®No

ICMP Mot Echa OYes @®No

Send Anconymous CID: | Disabled V|
Management from VWAN: ®Yes ONo

Stop featurs tone: OYes (@& No (MM forward block. ..}
IP Dialing format: |T§,‘pe 1 (@2 % x) V|

Send Flash event: |Disah|ed V|

Encryption Type: |Disah|ed V|

Encryption Key: sssssssssssesess |
PPPoE retry period: Seconds

System Log Server 1172.16.0.100 |
System Log Type: |AII v|

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second

while the system reboots.
Step 4: After rebooting and making call to another equipment, dialing out CID cannot be found. Please check
[Ethereal] Packet and column [From: “Anonymous” <sip: anonymous@anonymous.invalid>]

& (Untitled) - Frhereal
Ele Edit View Go Caplure Analze Stabstcs Help

EEges o8 Re+o0F 2 BB aaafl a¥EX 8

Fiter, [# = Expression.. Clear Apply

Mo . Time Source
LU S AL
150 34, TAbabs

‘rotoco Info
SIH ME
S1F/3D0 T 1NV sip:I0lBiss 150,12,
sIP STAtus: 100 Trying

sIp Status: 1B0 Ringing

SIP Request: REGISTER 31p:218.32.223.140
SIF.  Status: 200 Ok (1 bindings)

o]
14
2
2

22 i 1680
1287450321708 192.1688.1.202
120 45.37TRE0  218.32.223.140

= gession Initiation Protocol
= Request-Line: INVITE sip:301€192.168.1.2 SIP/2.0
Method: THVITE
[resert Packer: False]
Message Meader
via: S1P/2.0/ubP 162,168, 1.14: 3060 rport; branch=z¢had bridé:
From:

SIP Trom amiress
SIP Tag: 3405e43b
= To: <sip:l0l@102,.168.1.2>
SIP to address: sipi301€152.168.1,.2
call-1p: 1fdacvdciietlbaatddale/lib0abiaieolys.168.1.14
= Contact: <sip:303O192,.168.1.14:5060>
contact Binding: <siprI03E152.166.1.14 1 5060
= URl: <sip:3038192.168.1.14:5060>
SIP contact address: Sipi303€0%2.168,.1.14:%060

1panomymoussAnommaus . 1nvalis

cseq: 801 INVITE
Max-Forwards: 70
Allow: TNVITE,CANCEL, ACK, BYE, MOTIFY, REFER, SPTIONS, TNFO, HESSAGE
content-Type: application/sdp
User-AQent: CMSK (6100500
content-Lengrh: 383

Message b

= sesslon pescription Protecol

& 3a 20 D 0 a0
2¢ 31 36 38 e 31 Je 32 3e Od Oa 43 61 <168,
BC AC 2d 4% 44 3a 20 31 66 64 AL A3 39 38 &3 35 11-1D:
ﬁc 3281, From Header {sip Fr |P.B22 Du 25 M. 0 Dyops. 0
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Example 2: Sending Flash Event
€ Send Flash Event: DTMF Event

Step 1: On the main page, select [System—>Advanced] and enter [Advanced] page. After revising the
information, (e.g., Send Flash event: DTMF Event), click [Submit].

Advanced Setting

You could change advanced setting in this page

Auto Answer Call: O Yes ®No

ICMP Nat Echo: OvYes @No

Send Anonymous CID: Disahled ~
Management from VWAN: ®ves ONo

Stop feature tone: O Yes & No (MMI forward, block. )
[P Dialing format: Type 1 ox@xxxx)

Send Flash event: OTMF EVENT hd

Encryption Type: Disabled hd

Encryption Key: sEsRsRRRRRRRIRNY

PPPGE retry period: 5 Seconds

System Log Server: 172.16.0.100

System Log Type: All w

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step 4: After rebooting and making call to another equipment, please press [Flash] which will change to SIP
Info, and then check [Ethereal] and column [Event ID: Flash].

& (Untitled) - Ethereal

Eile Edit Miew Go Capture Anakwe Stabshes Help
SEdeae ol RS RevoF 2 BE aeal @E0EX 8

Eitter: [ap

~ Exprassion... Clear Apply

MNo..  Time Source
| 18112 2083, 483200 192,168.1.2

Drasbination ‘rotoco Info
192,168.1.14 P

Tource port: BODDD (HODOO)
pestination pore: G0000 (50000}
Length: 24
checksum: Oxdedt [correct]

i Real-Time Transport Protocel

[Setup frame: 189021
[setup Method: somB]
10.. ....

= Padding: False
= extension: False

= Marker: False

Sequence number: 1373
Timestamp: 92320

= RFC 2833 RTP Event

o.. . = Eni Event: Falsa
+0 . = Reserved: False
.00 1000 = volume: 10

Event puratien: O

8114 2
18115 2065.4%1164 1 P Event, Flasl
18116 JORS.4W1264 192.168.1.14 92.168.1 RTP EV Payload type=RTP Event, Flash (end)
18117 2085,4%1366 192,168.1.14 92,168, 1 RTP EV Payload TypesRTP Event, Flash (end)
18118 2085.4 192.168.1.14 168.1 RTP EV Payload type=RTP Event, Flash (end)
18119 2085, 505220 192.168.1.2 168.1.14 RTP  Pavioad TvDe=ITU-T G.711 POMU. SSRCe2635396756. Sen=1394. T1 ¥
= User Datagrem Protocol, src POrG: GOOO0 (60000, DSt POrt: GOOOD LGO000) -~

= [Stream setup by soF (frame 16902)]
= version: RFC 1889 version (2)

= Contributing source Tdentifiers count: O

Qv wenn
Payload type: telephone-event (101}

synchronization Source fdentifier: Z16189179%

0000 00 16 78 00 28 07 00 01 a8 02 B9 90 08 00 45 a0
OOL0 00 2¢ 0¢ &3 00 00 3d 11 ed 58 c0 a8 OL Oe <0 a8
0070 0L O ea 60 ea 60 00 1B 4e B0 B0 65 05 5d 00 0L
030 68 ad 80 db dP ol W 0a 00 00 00 00

Event ID (rpeverlevent_id), 1 b [P, 12367 D 3090 M. 0 Drops. 0

€ Sending Flash Event: SIP Info

Step 1: On the main page, select [System—>Advanced] and enter [Advanced] page. After changing Send Flash
event, (e.g., Send Flash event: SIP Info), click [Submit].

Advanced Setting

You could change advanced setting in this page.

Auto Answer Call:
ICMP Mot Echo:

Send Anonymous CID:
Management from VWAN:
Stop feature tone:

IP Dialing format:

Send Flash event:
Encryption Type:
Encryption Key:

PFPoE retry period:
System Log Server:

System Log Type:

O Yes ® No

CvYes ®No

| Disabled v
®Yes ONo

O Yes @ No (MM farward block )

|Type 1 (@ w3 x) V|

| SIP INFO v|
| Disabled v
|................ |

Seconds

1172.16.0.100 |
Al v

[ Submit ] [Reset ]
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Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: After rebooting and making call to another equipment, please press [Flash], which will change to SIP
Info, and then check [Ethereal] and column [Content-Type: application/hool-flashl].

& (Untitled) - Erhereal

Ele Edit View Go Caplure Analze Stabstcs Help
BEee oH 8 Rev2F L2 EE QQARN B¥EX @

Eiter, [& ~ Expression.. Cloar Apply
Mo . Tima

Destination ‘rotoco. Info
o .. s maagus

128

153 6.363228
155 6. 374152
1323 17. 783438

00 ol
?18 32 m a0 SIP Request: Rﬂixsrin s1p1218:32.223.240

= ZEssTon TNTLTatTon Proteo -
= request-iine: InFo sip: 30 91921681, 50: 5060 S1e/L.0
Method: INFO
[Resent Packer: Falsa]
= Message Meacer
viat SIR/2.0/UDP 192,168.1. 21 5060;rport; branch=2ohoabke2eb?abdbe
= From: "3017 <sip: JOkCiQ.. i(!ﬂ 1. 50 tag-lcidbfoe
SIP Display info: "301
s1p from address: sip:30l@192.166.1.50
SIP tag: 1<3dbfoe
S To: <sipiI02OLOZ.168.1, 40> TagefledRals
SIP to address: sip:3026192.168.1.50
SIP Tag: G2eddall
call- AD 30d73c3660b21aed ?4QJan7la 4bec2O102.168.1.2
foute: «sip:192.168.1, 5015060;
= contact: <sip:3010192.168.1.2: J\’.‘bl}
= Contact Binding: <sfp:3018192.168.1.2:%060>
unT: csiprI0LE162, 168,121 5060
SIP contact address: sip:3018192.168.1.2:5060
cseq: BOZ INFO
subject: cM-InFo

qer il
Content-Length: 11

Meszage body
signal=hfiyriyn

RO Ba RS BY 74 %n o0 45 &d o0 40 4¢ 46 4T _0d 0a ~
150

1a0 G

1bo as

1O b 20 20 25 36 31 30 JO 5 od =0 O

1d0 61 (13 ?-i &5 &g T4 2d 4c 85 Be BT ?-1 68 31 .Content -Length

0.
g0 20 31 31 Od Oa 0d 04 3% 69 A7 fe A1 Ac Id A3 A6 11....5 fgna hr
ﬁc 3281, Conbenl- Type Heady [P 62330, 47 M. 0 Drops. 0
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Example 4: PPPoOE retry period

Step 1: On the main page, select [System—->Advanced] and enter [Advanced] page. After revising PPPoE Retry
Period, (e.g., PPPoOE Retry Period: 20), click [Submit].

Advanced Setting

You could change advanced setting in this page

Auto Answer Call: O Yes @ No

ICMP Mot Echo: OYes @ Mo

Send Anonymous CID: Dizabled b
Management from VWAN: ®ves ONo

Stop feature tone: O Yes @ Mo (MM farward block )
IP Dialing format: Type 1 x@eoxxx) ¥

Send Flash event: Disabled v

Encryption Type: Disabled hd

Encryption Key: T T T T T

PPPoE retry period: 20 Seconds

System Log Semver: 172.16.0.100

System Log Type: All v

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: Every other 20 seconds, the system will retry.
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Example 5: System Log (Please start TFTP or System Log Server first)
€ System Log Type: Call Statistics

Step 1: On the main page, select [System—>Advanced] and enter [Advanced] page. After setting System Log,
(e.g., System Log Server: 192.168.1.6, System Log Type: Call Statistics), click [Submit].

Advanced Setting

You could change advanced setting in this page

Aute Answer Call: OYes ®No

ICMP Mot Echo: OYes ® No

Send Anonymous CID: Disabled ~
Management from YWAN: @ ves OMo

Stop feature tone: O Yes @ Mo (MMIforward.block....)
IP Dialing format: Type 1 x@xxxx) ¥

Send Flash event: Disabled hd

Encryption Type: Disabled A4

Encryption Key: sesssRRIIRRRRIRS

PPPoE retry period: 20 Seconds

System Log Senver: 192.168.1.6

System Log Type: Call Statistics hd

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step 4: On [TFTP Server] -- [Syslog server] page, hew messages are received.

vy Ph. Jounin

Cunent Daector (00T e_T et TFTPOT 4254 =] [rtiata
ol =y = Shwgi
ity Server | 1o Cler | DMCP serves_Sysog serves | SHTP perves |
:: T URP07 271 0000 1L DG {000 42 1 SO0} St i
BT 1 I ML Fiscerve SIF Maszage
BT 200 150 2T CHLLON. Dl I SEION i S° Maraes
T TR 206 (10 SR CMILOG: (00e43 10 B mwmnnus_ I 11 sseevve 401
R e ) CHILDG: EEfin) e
V2 1621 206, <15 200501 CHILDS 00 O70E0E06 e v 216,32 223,136 6058 s 401
10 1651 206 <15 A5 0T CHCLOG: OG00S0 e i Messogs
150 1R 1 206 <15 A0S0 CHULDG 00w 43 3001 S50 Facren SIF Mac:
1O 16811 206 <15 2005041 00,00 CUILDG: (0010 42.50 01 5500004 0521 agiete 16 mmnu 5070 e 401
190 1ER1 306 +15: 2005 09,1 00.00 CHLADG M““m"nun-;ll‘
1 0 CHADG E
HIGE TR 0 <150 I CHUAGG 'ul\lnz.w.mumnuumn L
TR 206 <150 ML S0 Fecer
TERT 206 {16 2001 CHILLG: b i e e B
1651206 <16 200801 CHILES
1306, <50 CHITLOG: BE0000] Figveivs SIF Meziage
1651 206 (15 20601 CHLLTG 5200004 BEZ egiaies 10 711 22643 1725001 semss
A CHILDG G300} Fivcaren SIF Macusom
2 20070183 1515 CULLDG: 100w 435001 S30000| Racaien SP Maceage
300700 20 1518 CUI_LDG S006] Dund <l 5 304 0 rasery pocl utage « PISEMTIATY ey usage= S0
1515 CHLADG 2 10T g
2007070 1518 CHIZLDG: 106042220 U1 530006} LOpSeatCal
00070 1518 CMLOG: 0 e 4340 M!l\lnuumwmme
2 1615 CHILDG ; Ll
20070183 1615 CHI_LOG ree ZIF
1515 CHITLEG 530000} COvF
183 16 16 CHI_LDG E
70145 15 16 CHI_LDG
81216 LT D 3 4101 et e Pl
CWLLDG: SN0 o st ccchacall dstirations 113 101 4, pot 0000
¥ awrmwmuwum. OG0 43 1 530G Clveshgent ot
VTG00 12N 01 1 116 ML, $0ed 1200 SO o 22 10
A8 1576 CMILOG: (000e 3 007 SSJI00] LT emafel ol ST, TReS2E120208
62168 06 by 01013161 WL 1015043001 BSRE Fepaer S st
el |
i oad 1 Solivgs Heb

€ System Log Type: General Debug

Step 1: On the main page, select [System->Advanced] and enter [Advanced] page.

After setting System Log, (e.g., System Log Server: 192.168.1.6, System Log Type: General Debug), click

[Submit].

Advanced Setting

You could change advanced setting in this page.

Auto Answer Call- OYes ® No
ICMP Nt Echo: OYes @ No
Send Anonymous CID: |Disabled "
Management from WWAN: ®Yes OMNo

Stop feature tone:

IP Dialing farmat: |Type 1 ou@x xx.x) V|

Send Flash event: |Disabled V|

Encryption Type: |Disabled V|

O Yes @ No (MM forward block

)

Encryption Key:

PPPoE retry period:

Seconds

System Log Server: |192_1EB_1_E

System Log Type: | General Debug
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Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: On [TFTP Server] -- [Syslog server] page, hew messages are received.

32 by Ph. Jounin

Cument Daectoy [00T esl_Tood\TFTROT w254

Lafle
i

Serven rieleee 1016006

SR
AT SHI00] COpStat sl
SE ¢
SO0 (O
000} Frecorve SIF Mesy
350 1 GEI000) COF i bl

ol ey

Climohgers Staflicl]

AEHT SA00] i st codacel] dashinations 113 16 1 4, posG
20001531000} CUseshgert Stopf1 i)

1-590068 i siop. o, idel)

439001 GEYI0GE L] senaleCal 4= 370407, Ra 31200000
e 43 50 0 SS[000| Fexerve SIF Mezsaze

[ —| [ |

About | Seitngs
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€ System Log Type: Call Statistics + General Debug
Step 1: On the main page, select [System—>Advanced] and enter [Advanced] page. After setting System Log,

(e.g.: System Log Server: 192.168.1.6, System Log Type: Call Statistics + General Debug), click
[Submit].

Advanced Setting

You could change advanced setting in this page

Auto Answer Call: OYes ®No

ICMP Net Echo: OYes ©No

Send Anonymous CID: Disabled -
Management from VWARN: ® ves O No

Stop feature tone: O Yes @ No (MMI forward block....)
IP Dialing format: Type 1 (oa@xxxx)

Send Flash event: Disabled b

Encryption Type: Disabled hd

Encryption Key: sEsssNNERBRRIR S

PPPaE retry period- 20 Seconds

System Log Server: 192.168.1.6

System Log Type: Call Statistics+General Debug hd

[ Submit ] [R‘eset ]

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step 4: On [TFTP Server] -- [Syslog server] page, hew messages are received.

Tiipd32 by Ph. Jounin

Cument Daectoy [00T esl_Tood\TFTROT w254

= Bt
S riediee [TG7601 10 = Shon D
ity Server | 1o Clert | DMCE serves_ Sysog verves | SHTP perves |
T BT EETACIL (a0 L TR, e
<15 20070790 1570 CHILOG: 61 1
bl
HHO0) Pecene S Meace
e
- 20! '1=nr£1rrv..rnm it
e 3 90101 53000 P SIF Macsaom
43 001 2000 e
56111 B3000] CLsrmhgers e
OG- [0 A1 S0 1 e, coedacl, cashrtions 142 601 4, oS00
2 16 747140 1513 CHILOG P e N gt gl
2 16 7457473 151 CHILORS: 00 ecd 0SSO0 1 1o, ok kel
2 001 31 EULCE 010 4300 01 B0 L ol = SIOEATL 8552085
£ 3007 04,83 16,13 CMI_LEG. {00 0e: 43,50 0 B3[000} Frecerve SIF Mezsage
[ [
Aot | Getings Helo |

€ System Log Type: SIP Debug
Step 1: On the main page, select [System—>Advanced] and enter [Advanced] page. After setting System Log,
(e.g.: System Log Server: 192.168.1.6, System Log Type: SIP Debug), click [Submit].

Advanced Setting

You could change advanced setting in this page.

Auto Answer Call- OYes ®MNo
ICMP Mot Echo: OYes @ MNo
Send Anonymous CID: ‘ Disahled b
Management from YWAN: ®ves OMNo

Stop feature tone: O Yes @ Mo (MM forward block )

|TWE 1 poc@x kX x) v|

[P Dialing format:

Send Flash event: Disabled

' Disabled

]

Encryption Type:

|

Encryption Key:
PPPoE retry period:
System Log Server:

System Log Type:

|................ |

Seconds

1192 163 1.6 |
| SIP Debug
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Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: On [TFTP Server] -- [Syslog server] page, hew messages are received.

Cument Daectoy [00T esl_Tood\TFTROT w254

= Bomea
Servmedace 13216016 =] ShowRe |
it Server | 1o Clert | DMCE serves_ Sysog serves | SHTP perves |
T CALLDG: B0 10 A0 b F2 087 oS0 O e o CEAg ativeh g At 71
790 15 1 CHILOG: SO0 teck. %1, port SO, SIP/20 200 OFYa % SIP2 0P Iﬂ‘d?}i ) 'ﬂdl mmeﬂ-h GInn it v R
1 1579 CH_LOG: Jec 43 1T 'l!lmlnll\(dl "|I‘H M‘.tl'\l HOTIFY oo ST 42 1681 206 5060 SPYZ Ve % Il‘(iIbU:ll Iz o “anieak” ¢ o
TST9 CMLOG: Q000w 43 90 (11 SSHO00] Frecerve SIF Mex
| 1619 CHI_LDG. ﬁllﬂ'-h ZIIEUUUI penk SO0, SP/20 200 D6V SP/20AI0P 200228 43 2 Matbersk” O arlevah 2N
il 5 e oo a 3, 1 0L rewwry mm-ml—wmm 34568
1 e mm 152 163 1 4] i
il e 43 001 el
A2 001 e 192 IGR\ i MRSIIT.‘ IMVITE ppssagd@152 158 1 4 SV Mvix SIPZ AUIDP 190 168§ 205 SR0pas b anche s Thi A B NG i0m ¢4 lvml'l.‘ TE8L1 205 S0ED: I»\Q-Cﬂ
. 5 M““mluw\'\.“m‘l S0 100 Trnghir SIP/2OUIDP 152 168 1 206 506D 192 1601 200 b o 2R 161
4 151 SR 2 160 T, mw S0 10 Angingtfa SIPAZOAIDP T2 1681 poe 16007 218 " 0106
THUOG COoF rl rddniveesed
1 ey
i EEJONH L
il wlmniﬂl 1 4, st 5060, SP/2.0 200 06 SP/2 0VUDS 1320681, 1651 1680 206, 506
il
it e
e d ) 1 SS000Y bex l'\.‘ R8T A, post IR0, ALK, s D1 JRRSATISETD 16R 1 45060 SIPYT (Wi S92 IVUDF 152 16311 AR 1 20850
. 00| s Sl
G- [0 4011 S g st cocinct), haahons 143 1611 14, posebNEE)
i CHLL v 42 30 01 SHOKY to: |.R |ﬂl| 4, po SOGE UL wape 01 OGS4 TIIEE1IE 1601 45060 1P/ M SIP/2 DAUCT 132 TR, 206 5000 sport branch2Bhli o S0bain 7atF o < oe Z0GES 162 1601 206 500
il lbdll.'“LlL‘la e 433 901 WO CLirentipere
2 CHILOG ﬁlmlum"!.lw‘l ok SOGD, SIP/20 200 OFMa: SP/20AI0P 19296812 16512 TEL1. 205 5L
SZﬂCHLlD& GEE000) e
i ‘ENCHI L0, ﬁ‘mc&lme‘:d Fodm 330630108, THm3T164/967
103 15 2 CHLDG
L *
dhot | Seirge o
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€ System Log Type: Call Statistics + SIP Debug
Step 1: On the main page, select [System—>Advanced] and enter [Advanced] page. After setting System Log,
(e.g.: System Log Server: 192.168.1.6, System Log Type: Call Statistics + SIP Debug), click [Submit].

Advanced Setting

You could change advanced setting in this page

Auto Answer Call: OYes ®No

ICMP Nat Eche: OYes @ Mo

Send Anonymeous CID: Disahled 4
Management from VWAN: ®ves O No

Stop feature tone: OYes @& No (MM forward block )
IP Dialing format: Type 1 pe@x.xxx) ¢

Send Flash event: Disabled hd

Encryption Type: Disahled A4

Encryption Key: ssssssccsecsssne

PFPoE retry period: 20 Seconds

System Log Server: 192.168.1.6

System Log Type: Call Statistics+5IP Debug hd

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Step4: On [TFTP Server] -- [Syslog server] page, new messages are received.

Cument Daectoy [00T esl_Tood\TFTROT w254

Servmedace 13216016

ity Server | 1o Clert | DMCE server_ Sysog serves | SHTP perves |

B2 TG 206 < 150-2007407-60 1821 CHILOG:
121681208 20701001351 CHLLOG: P00
1 210 e 423101 B3

3 50 01 55000

smm & mm\mﬁn CMLLDG:

2 T 06 53T CMILDG

B T 206 < 1500740740 11 CHILOG:
1z AN 15 CHILDG
206 4152007471 53 165 1 CMILDG:

N i pr mmae
]

70145 15 71 CMLLDG SO0 CLimgers St
007090015 71 CUILDG: A000w43 Ilanm Pt coducal]

anrng e fu ui.: {30 S Crtet

i zw.lulglmmum anoeuwun

£
B TR 206 16 20070
TR B (B E07 0 21551 EHCLCa o435 0 scfood] e

[ - S

uwn T2 TEE18, ok SO, IVITE sosmenp B2 V6 1.2 SPV2 DV SIPVZOMIDR 1L 162, e

'3‘[000!
e 4350101 G000} b 122 235,71, ot S50, 514211 200 011V S1P/2 DAL 61 62 296
w3 5001 'ﬁmuu ...w m‘ni e 506, 57720 100 Trreghvia SIF/Z OAIDF 152 1681 206

A0 lulvmimwn mn .ot SO, 51720100 g S1P/2 LD 1921681 206 ROt scomce 2 1601

tSllmluu w_lss.uwlswzw 110 20 Db S OAIER 152 V6.1, 205 50 1.4

ﬁsmm 13. IERN|n|9mAI'}.\: DRI EREAITREI2 158 1 4 5060 SIP/Z (N 51972 IVUDP 152 1681, 06 SR port b he S8 A2 SEFacen £ 220612 163 1 206,500

i 122 16014,
I‘m:\lmwwniwsm-.m

Shephiiy
ﬂuﬂlmn‘klﬂ“‘ww L0 200 OFYia: SV DAUCE 1EZ VI8 TE2
S
1 CMILOG: 10043 9001 lslmu-‘-‘m»dd.d FoGmlRORY. TR P20
SIP Masage

= Bomea
Zl Shom g
VT 00 400 15 21 CMI_LOG- (30 B A S 11 [ age
a0y TR, ‘INI‘J\-"U seftng
AT SAPO00S foorcB1 62 236 1. port SO0, NOTIFT o ZX06087 12 T6HL 1. 206 5060 51772 (Ve SiF UDF 6162 2% “mbeark” ¢ BLE
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€ System Log Type: General Debug + SIP Debug
Step 1: On the main page, select [System—>Advanced] and enter [Advanced] page. After setting System Log,
(e.g.: System Log Server: 192.168.1.6, System Log Type: General Debug + SIP Debug), click

[Submit].

Advanced Setting

You could change advanced setting in this page.

Auto Answer Call:

ICMP Mot Echo:

Send Anonymous CID:
Management from VWAN:

Stop feature tone:
IP Dialing format:
Send Flash event:
Encryption Type:
Encryption Key:
PPPoE retry period:
System Log Server:

System Log Type:

O Yes @ No

Oves ®No

Disabled v
®ves ONo

O Yes © No (MM forward_block. )

|Type T (i@ x.x.x) V|

Disablad
Disabled

4

v

Seconds

1192 163 1.6 |

| General Debug+SIP Debug

|
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Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: On [TFTP Server] -- [Syslog server] page, hew messages are received.
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€ System Log Type: All

Step 1: On the main page, select [System—>Advanced] and enter [Advanced] page. After setting System Log,
(e.g.: System Log Server: 192.168.1.6, System Log Type: All), click [Submit].

Advanced Setting

“ou could change advanced setting in this page

Auto Answer Call: O Yes & No

ICMP MNat Echo: OYes @ No

Send Anonymous CID: Disahled b’
Management from VWAN: ®vYes O No

Stop feature tone: O Yes & Mo (MM forward block )
IP Dialing format: Type 1 (x@xxxx)

Send Flash event: Dizakled w

Encryption Type: Disabled A

Encryption Key: sessscRNRRIIRINY

PPPoE retry period: 20 Seconds

System Log Server: 192 168.1.6

System Log Type: All hd

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

-92 -



@ PLANET

Networking & Communication HD Voice Conference IP Phone with PSTN (3-Line)
VIP-8030NT

Step 4: On [TFTP Server] -- [Syslog server] page, hew messages are received.
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6.7 Log

6.7.1 Function

Show log in this web.

Status Log

<2005-01-01 00:00>Application starting ...
<Z005-01-01 00:00>Init Wan Interiace!
<2005-01-01 00:00>Iface type : FIXED IP
<Z005-01-01 00:00>Init Lan Interiace!
<2005-01-01 00:00>Iface type : FIXED IP
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6.8 Auto Answer (for FXO)

6.8.1 Function

Auto Answer provides auto answer and switches to FXO.

6.8.2 Instructions

Auto Answer

¥ou could enable/disable the auto answer in this page.

Auto Answer: @off QPN OF:0 N OBoth O Trunk Gateway
Auto Answer Counter: {0~8)

PIM Code Enabled: ®of Con

PIM Code:
Subroit

Default OFF. When setting to IP IN, the IP IN’s auto answer will come into
Auto Answer un

Default 3 Ring; when ringing after 3 times, auto answer will run. Counter
SROEIRTEASL T ES zone (0~8). Maximum length is 2 bytes.
Pin Code Enabled Default OFF. ”V\,{hen setting to ON, the right password is needed, and

please press "#" after the password.
Pin Code The password. Maximum length is 31 bytes.
Submit [Button] Submit the change.
Reset [Button] Clear the change.

6.8.3 Operate Instruction
Example 1: Start the Auto Answer Function

Step 1. On the main page, select [System->Auto Answer] and enter [Auto Answer] page. After revising
information (e.g., Auto Answer: IP IN, Auto Answer Counter: 1), click [Submit].

Auto Answer

You could enable/disable the auto answer in this page

Auto Answer: Oof @IPIN OFX0IN O Both O Trunk Gateway
Auto Answer Counter: 1 (0~8)

PIN Code Enabled: ®off Oon

PIN Code:
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Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: When an incoming call comes through FXO or FXO port, please wait for a while till the 2" Dial Tone is
heard, then please dial FXO port phone number.

Example 2: Start Auto Answer+ PIN Code Function
Step 1: On the main page, select [System—>Auto Answer] and enter [Auto Answer] page. After revising

information (e.g., Auto Answer: IP IN, Auto Answer Counter: 1, Pin Code Enabled: on, Pin Code:
123456), press [Submit].

Auto Answer

You could enable/disable the aute answer in this page

Auto Answer QOof @IPIN OFXOIN O Both O Trunk Gateway
Auto Answer Counter 1 {0~8)

FIN Code Enabled O ofF ®0n

PIM Code oy

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: When dialing in through FXO or FXO port, please wait for a while till the dialing tone is heard, then input

the Pin Code (e.g., 123456) ending with “#” and wait till the 2" dialing tone is heard. Then input FXO port
phone number.

6.9 Dial Plan Settings

6.9.1 Function

Dial Plan provides Dial Now, Auto Dial Time, Use # as send Key, and Use * for IP dialing function.
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6.9.2 Instructions

Dial Plan

You could the set the dial plan in this page

Routing to O COFX0 ® Disable
Routing rule

Drop prefix Oves @ Mo
Replaca rule 1 +
Drop prefix O vas & Mo
Replace rule 2 4
Drop prefix O Yes ® Mo
Replace rule 3 -
Drop prefix CYes & Mo
Replace rule 4 -
Dial now

Exp: 1[137]0(+345)+45XN6T

Realm 1 prefix 1"

[ %]

Realm 2 prefix
Realm 3 prefix

PSTH feature code: | 0°

Auto Dial Time 5 (3~0 sec)
*'¥ez )Mo
Auto PSTH backup: O Yes & Mo

Uze # as send kay

Submit Reset

Default: No (Encode). When encountering the accordant rule, a new number
Drop Prefix will be added in front of the dialing number. When setting to YES, and
encountering the accordant rule, a new number will replace the dialing number.
Providing the setting number information. 7-digit number is preferred, from
Replace rule 1 (0~9999999)

Can be numerals or characters. Maximum length is 8 bytes.

Provides the rules for encode and decode. Maximum length is 31 digit number;
can be numberals or signs (+, X). (+) means “Or”; (x) means any numbers that is

* from 0~9, e.g., 123+456+334+5xx, means 123 or 456 or 334 or 5xx (any
number that begins with 5)
Drop Prefix Default: No (Encode). When encountering the accordant rule, a new number
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will be added in front of the dialing number. When setting to YES, and
encountering the accordant rule, a new number will replace the dialing number.

Provides the rules for encode and decode. Maximum length is 31-digit number;
can be numerals or signs (+, x). (+) means “Or”; (X) means any number that is
from 0~9. Maximum length is 40 bytes.

Replace rule 2

Providing the setting number information. 7-digit number is preferred, from
(0~9999999). Maximum length is 8 bytes.

Provides the rules for encode and decode. Maximum length is 31-digit number;

+ can be numerals or signs (+, x). (+) means “Or”; (X) means any number that is
from 0~9.
Default: No (Encode). When encountering the accordant rule, a new number
Drop Prefix will be added in front of the dialing number. When setting to YES, and

encountering the accordant rule, a new number will replace the dialing number.

Replace rule 3

Providing the setting number information. 7-digit number is preferred, from
(0~9999999). Maximum length is 8 bytes.

Provides the rules for encode and decode. Maximum length is 31-digit number;

A can be numerals or signs (+, x). (+) means “Or”; (X) means any number that is
from 0~9. Maximum length is 40 bytes.
Default: No (Encode). When encountering the accordant rule, a new number
Drop Prefix will be added in front of the dialing number. When setting to YES, and

encountering the accordant rule, a new number will replace the dialing number.

Replace rule 4

Providing the setting number information. 7-digit number is preferred, from
(0~9999999). Maximum length is 8 bytes.

Provides the rules for encode and decode. Maximum length is 31-digit number;
can be numerals or signs (+, x). (+) means “Or”; (xX) means any number that is
from 0~9. Maximum length is 40 bytes.

Dial Now

Provides the rules for encode and decode. Maximum length is 31 digits number;

. But the first digit cannot be “0”. Because 0 cannot judge the rule.
So if Dial Now begins with “0”, the system cannot work.
Maximum length is 124 bytes.

can be numerals or signs (+, x). (+) means “Or”; (X) means any number that is
from 0~9.

Auto Dial Time

Default: 5 seconds. After waiting for a while, but didn’t input any number, Auto
Dial will run automatically. Time zone: (3~9 sec). Maximum length is 3 bytes.

Use # for send key

Default: YES. It ends with # when executing this action. When setting to NO, it
didn’t end with # when executing this action, but according to Auto Dial Time,
after waiting for a while, and didn’'t input any information, then execute this
action.

Use * for IP dialing

Default: YES. When inputting “*”, it will be used as “.”. For example, when
inputting 192*168*1*100#, it will execute”192.168.1.100#". When setting to
NO, while dialing, inputting (*) doesn’t mean (.).

Submit [Button]

Submit the change.

Reset [Button]

Clear the change.
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6.9.3 Operating Instructions

Example 1: Dial Plan Function

Step 1: On the main page, select [System->Dial Plan] and enter [Dial Plan] page. After revising information
(e.g., Drop prefixNo, Replace rulel 002, 8613+8662; Drop prefixYes, Replace rule2 006,
002+003+004+005+007+009; Drop prefixNo, Replace rule3 009, 12; Drop prefixNo, Replace rule4 007,
5xxx+35xx+21xx; Dial Now*Xx+#xx+11X +XXXXXXXX), press [Submit].

Dial Plan

You could the set the dial plan in this page

Routing to O OFN0 @ Disable

Routing rule

Drop prafic O Yes @ Mo

Replace rule 1 002 + BB13+BEG2

Drop prafix ®¥es Mo

Replace rule 2 008 + 002+003+004+005-+007=00%
Drop prefig Cives @ Mo

Replace rule 3 003 +|12

Drrop prefix OYes @ Mo

Replace rule 4 Qa7 +  Soood+ 35+ 2 1

Excp: 1[137 6+ 34500+ 45KXET

Realm 1 prefix 1™
Realm 2 prefix >
Realm 3 prafix 3

PSTN feature code: |0

Auto Dial Time 5 {3~9 sac)
Usa#assendkey: ®¥es OMo
Autg PSTN backup: O Yas & MNa

Heszet

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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Instruction 1: Drop prefixNo, Replace rule 1 002, 8613+8662.
Application 1: When dialing 8613, all numbers that begin with 8613 will be added with 002, so actually the
dialing number is [002+8613+xxXx].
Application 2: When dialing 8662, all numbers that begin with 8662 will be added with 002, so actually the
dialing number is [002+8662+xxXx].

Instruction 2: Drop prefixYes, Replace rule 2 006, 002+003+004+005+007+009.
Application 1: When inputting 002, all numbers that begin with 002 will be replaced by 006; so actually the
dialing number is [006+xxXx]
Application 2: When inputting 003, all numbers that begin with 003 will be replaced by 006; so actually the
dialing number is [006+xxx].

Instruction 3: Drop prefixNo, Replace rule 3 009, 12.
Application 1: When inputting 12, all numbers that begin with 12 will be added with 009; so actually the
dialing number is [009+12+xxX].

Instruction 4: Drop prefixNo, Replace rule 4 007, 5xxx+35xx+21xx.
Application 1: When inputting 5xxx, all 4-digit numbers that begin with 5 will be added with 007; so actually
the dialing number is [007+5xxx].
Application 2: When inputting 534, all 3-digit numbers that begin with 5 doesn’t match the encode rule; so
actually the dial out number is [534]
Application 3: When inputting 35xxx, all 5-digit numbers that begin with 35 will be added with 007; so
actually the dialing number is [007+5xxx].
Application 4: When dialing 358822, it begins with 35, but there are 4 digits after 35, so it doesn’t match
the encode rule, so actually the dial out number is [358822]
Instruction 5: Dial NOW*XX+#XX+LLX+HXXXXXXXX.
Application 1: Any information that meets the condition™xx” will be sent out immediately, like *00, *01,
*02... *99. If inputting “*0#", send out number is"*0#"
Application 2: Any information that meets the condition” #xx” will be sent out immediately, like #00, #01,
#02...#99.
Application 3: Any information that meets the condition”11x” will be sent out immediately, like 110, 111,
112 ... 119. If dial number is"118", the send out number is 118.
Application 4: If inputting 8-digit number, the system will send out the number immediately. For example,
12345678.
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Chapter 7. Phone Book

It provides Phone Book and Speed Dial function.

7.1 Phone Book

7.1.1 Functions

Phone Book can provide 140 entries. Let's say, Party A calls Party B. If Party B's name is in the phone
book, then Party B’s name will be shown on the phone. If not, party B’s phone number will be seen.

7.1.2 Instructions

Phone Book

You could add/delete items in current phone book

Phone Book Page: page 1 |

[Phono | Namo | NumbororURL | Seloct |

0 1 23 O
1 2 14 O
2 3 58 1
3 4 63 0
4 5 89 O
5 123 123 0
L
7
8
[ Delete Selected | [ Delete All | [Reset |
Add New Phone
Pasition {0~13%)
Mame
Mumber or
URL
[ Add Phone | [Reset |
Phone Book Page Default: Page 1. Select the page, from Pagel~Pagel4.
Phone Shows the serial number. 140 entries in total, from Phone 0~139
Name Shows the User’s name.
Number or URL Shows the URL information.
Select Select this entry.
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DelEiE Seleetee Delete selected information.
[Button]
Delete All [Button] Delete all information.
Reset [Button] Reset selected information.
Add New Phone Add new phone book information.
Position Input serial number, from (0~139). Maximum length is 3 bytes.
Input serial number; can be digits or names. Maximum length is 31 bytes.
Name @{_‘ﬂ Suggest you pick digits, which can be used as speed dialing
= numbers.
Number or URL Input Line Number or IP information. Maximum length is 63 bytes.
Add Phone [Button] Add this new entry.
Reset [Button] Delete selected information.

7.1.3 Operating Instructions

Step 1: On the main page, select [Phone Book->Phone Book] and enter [Phone Book] page. Revise the
information (Phone: 0, Name: 301, Number or URL: 301@192.168.1.2) and then press the key
[Add Phonel].

Phone Book

You could add/delete items in current phane book

Phone Book Page: page1 v

| Phone [ MName | NumberorURL | Select
0
1
2
3
4
5
&
8
9
Delate Selected ] | Delate All ] |F~'.eset]

Add Hew Phone
Paosition 0 {0~139)
Mame 3

Number or R
URL 192.168.1.2

Add Phone | | Resat |

Step 2: After adding the new information (see the table shown below), if no information is added, please
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save change.

Phone Book

You could add/delete items in current phone book

Phone Book Page: page1 ¥

[ Phone | Name | MumberorURL | Select |
0 3m 192 168.1.2 1
1
2
3
4
5
G
8
9
Delata Selected | [ Dalate All I [Raset J
Add New Phone
Position {0~139)
Mame
Number or
URL

Add Phane I [ Resat]
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Step 3: On the main page, press the save button on upper right corner to make the change effective. The [Note
Information] page will be seen, meaning it has been saved successfully. And the system will reboot.
Please wait for a while.

Phone Book

You could add/delete items in current phone book

Phone Book Page: | page 1 ¥

| Phone | Name ] NumberorURL | Select
0 30 192.168.1.2 [l
1 206 17476433364 O
2 202 192 165.1.202:5062 O
3
4
5
6
T
3
9

[ Delete Selected ] [ Delete All ] [Resetl

Instruction 1: Name: 301, Number or URL: 301@192.168.1.2.
Application 1: The user picks up the phone, inputs [301], which, in [Name] column is [192.168.1.2] that
rings
Instruction 2: Name: 206, Number or URL: 17476433364.
Application 1: The user picks up the phone, inputs [206], which, in [Name] column is [17476433364] that
rings.
Instruction 3:  Name: 202, Number or URL: 192.168.1.202:5062.
Application 1: The user picks up the phone, inputs [202], which, in [Name] column is [192.168.1.2:5062]
that IP: 192.168.1.2 and port 5062 ring.
Application 2: The user picks up the phone, inputs [0227458080], but no information is found in [Name]
column, so the requirement will be sent directly.

7.1.4 Speed Dial (for Phone)
7.1.4.1 Function
Speed Dial Phone List can provide 10 entries in total and must be used with Function Key.
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7.1.4.2 Instruction

Speed Dial Setting (VolP Phone Only)

Speed Dial Phone List

You could set tha spead dial phones in this page

| Phone | Name | NumberorURL | Select

0
1
2
3
4

L

Add New Phone

Pasition

Delete Selected

Mame

Mumber ar
URL

] [ Delete All | [Reset ]

| Add Phone | [Reset|

Phone Show the serial number. 10 entries in total.
Name Show the user’s name.

Number or URL Show the URL information.

Select Select the information.

Delete Selected [Button]

Delete all selected information.

Delete All [Button]

Delete all information.

Reset [Button]

Reset selected information.

Add New Phone

Add new speed dial phone book information.

Position

Input serial number, from (0~9). Maximum length is 1 bytes.

Name

Input the code, numbers or names; maximum length is 31 bytes.

Number or URL

Input Line Number or IP information; maximum length is 63 bytes.

Add Phone [Button]

Add this new entry.

Reset [Button]

Reset selected information.
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7.1.4.3 Operating Instructions
Step 1: On the main page, select [Phone Book—>Speed Dial] and enter [Speed Dial Phone List] page. After
revising the information (Phone: 0, Name: test, Number or URL: 22068), press [Add Phone].

Speed Dial Phone List

‘ou could set the speed dial phones in this page

[ Phone | Nemo | lumberorURL | Solect |
]
1
2
3
4
5
6
T
8
9
|_ Delete Selected ] [ Delete All ] [Reser|

Add New Phone

Puasition 0 (0~9)
Mame tast

Mumber or

URL 22058

Add Phane J [ Resat |
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Step 2: After adding all the new information, please save change.

Speed Dial Phone List

You could set the speed dial phones in this page

[Phone |~ Hame | umberorURL | Select |
0 test 22068 ]
1
2
3
4
5
6
7
8
9

i Delete Selected [ Delete All I [Resell

Add New Phone
Pasition: (0~9)
Mame

Mumber or
URL

| Add Phone | |Reset]
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Step 3: On the main page, press the save button on upper right corner to make the change effective. The [Note
Information] page will be seen, meaning it has been saved successfully. And the system will reboot. Please
wait for a while.

Speed Dial Phone List

You could set the spesd disl phonas in this pegs.

| Phone | Mame | MumberorURL | Select |
] test 22088 O
1 080 23458 O
2 Faz 098395 (|
2
4
5
8
T
g
9

l Delete Selected ] [ Delete All ] [Hssst]

Add New Phone

Position: I:I:Chi:-
Mumber or |
URL:

l Add Fhone ] [Hssst]
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Chapter 8.

Features Setting

It provides CallFwd, Volume, Rngtone, DND, Flash Time, CallWaiting, SoftKey, Hotline and Alarm.

8.1 Forward Setting

8.1.1 Function

Provides forward

function.

8.1.2 Instruction
Forward Setting (VolP Gateway/Phone Only)

Forward Setting

“‘ou could =&t the forward number of your phene in thiz page.

All Forward:

Busy Forward:

No Answer Forward:

& off
& off
® off

Op
O
Qr

O pSTN

QO psTH

I T womber or bR

Al Fwd Mo

Bu=sy Fwd No.:

No Answer Pwd No.:

No Answer Pwd Time Out: 5

(2~8 Ring)

Rezet

All Forward

Default: Off. When setting to On, all incoming calls will be forwarded, in
support of IP mode.

Busy Forward

Default: Off. When setting to On, and the line is busy, it will run to support IP
mode.

No Answer Forward

Default: Off. When setting to On and there is nobody answering the phone,
it will run to support IP mode.

All Fwd No.

All incoming calls will be forwarded.

Name

Show or Input the name.

Number or URL

Show or input the dialing information which can be Login Account, IP
Address or PSTN Numbers; maximum length is 63 bytes.

Busy Fwd No.

Forward the call when line is busy.

Name

Show or set the name.

Number or URL

Show or input the dialing information which can be Login Account, IP
Address or PSTN Numbers; maximum length is 63 bytes.

No Answer Fwd

No.

Forward the call when nobody answers the phone.

Name

Show or set the name.

Number or URL

Show or input the dialing information which can be Login Account, IP
Address or PSTN Numbers; maximum length is 63 bytes.
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No Answer Fwd Time Out

Default: 5(Ring); when ringing 5 times but no one answers, it is regarded as
no one answering the call. Data Range: (2~8 Ring). Maximum length is 2
bytes.

Submit [Button]

Save change.

Reset [Button]

Delete selected information.

8.1.3 Instructions

Forward Setting (VolP Gateway/Phone + FXO Only)
Forward Setting

“‘ou could get the ferward number of your phane in this page.

All Forward:
Busy Forward:

MNe Answer Forward:

®oif Or OpsTH
®@of QP
®orr Or Opsm

T e wumber or URL

All Fwd Mo.:

Buzy Fwd No.:

Mo Anzwer Fwwd No.:

Ne Answer Fwd Time Qut: 5

(2~28 Ring}

All Forward

Default; Off. When setting to ON, all the incoming calls will be forwarded in IP
mode or PSTN mode.

%‘:‘B If the incoming call goes through FXO, the call could only be
forwarded to IP mode.

Mote

Busy Forward

Default: Off. When setting to On, and the line is busy, the call will be
forwarded only in IP mode.

No Answer Forward

Default; Off. When setting to On, and nobody answers the phone, it will run in
IP mode or PSTN mode.

@;ﬂ‘ﬂ If the incoming call goes through FXO, the call could only be
forwarded to IP mode.

All Fwd No.

All incoming calls will be forwarded.

Name

Show or input the name.

Number or URL

Show or input the dialing information which can be Login Account, IP Address
or PSTN Numbers; maximum length is 63 bytes.

Busy Fwd No.

Forward the call when line is busy.

Name

Show or set the name.

Number or URL

Show or input the dialing information which can be Login Account, IP Address
or PSTN Numbers; maximum length is 63 bytes.

No Answer Fwd No.

Forward the call when nobody answers the phone.

Name

Show or set the name.

Number or URL

Show or input the dialing information which can be Login Account, IP Address

-109 -




@ PLANET

Metworking & Communication

HD Voice Conference IP Phone with PSTN (3-Line)
VIP-8030NT

or PSTN Numbers; maximum length is 63 bytes.

No Answer Fwd Time
Out

Default: 5(Ring), when ringing 5 times but no one answers, it is regarded as
no one answering the call. Data Range: (2~8 Ring). Maximum length is 2
bytes.

Submit [Button]

Save change.

Reset [Button]

Delete selected information.

8.1.4 Operating Instructions

Example 1: Forwarded under any condition

Step 1: On the main page, select [Features>CallFwd] and enter [CallFwd] page. After revising all the
information (All Forward: pstn, All fwd No Name: angel, Number or URL: 22067), press [Submit].

Forward Setting

“ou could =&t the forward number of vour phone in this page.

All Forward: QCorf OP @pPsH
Busy Forward: @oif OR
No Answer Forward: @off OPr OPSIN

T e wumber or URL

All Fwed No.: angel 22087
Buzy Fwd No.:

No Answer Fwwd No.:

No Answer Fwd Time Out: 5 (2~8 Ring)

Rezet

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second

while the system reboots.

Step 4: When receiving a new incoming call, it will be forwarded to code [Register Number: 22067]

automatically.
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Example 2: Busy Forward or No Answer Forward
Step 1: On the main page, select [Features—> CallFwd], enter [CallFwd] page. After revising all the information

(Busy Forward: IP, No Answer Forward: IP, Busy fwd No Name: Mobil, Number or URL: 0912345678,
No Answer Fwd No Name: ext, Number or URL, click [Submit].

Forward Setting

“ou could =&t the forward number of vour phone in thiz page.

All Forward: ®aif OPr OpsTH

Busy Forward: Qoff @P

No Answer Forward: Coif &P OPsTN
[ tame | Humber or URL
All Fwd Ne.:

Busy Fwd No.: WMobil 0912345678

Mo Anzwer Fwd No.: sxt 220838

No Answer Fwd Time Qut: 5 (2~8 Ring))

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: When the line is busy, it will forward to Mobile [0912345678], and [0912345678] rings.

Step 5: When it rings 3 times, and nobody answers the phone, it will forward to [Register Number: 22068], and
Register Account: 22068 rings.
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Example 3: All incoming calls will be forwarded to IP
Step 1: On the main page, select [Features>CallFwd] and enter [CallFwd] page. After revising all the
information (All Forward: 1P, All fwd No Name: angel, Number or URL: 22067), click [Submit].

Forward Setting

“ou could =&t the forward number of your phone in thiz page.

Al Forward: Qoif ©Pr OPSTN

Busy Forward: ®oif COP

Mo Answer Forward: @of Or OpsTH
| eme ] umber or URL
AllFwd No.: angel 22087

Busy Fwd No.:

Mo Answer Fwd No.:

Mo Answer Fwd Time Qut: 5 (2~2 Ring)

Rezet

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: When receiving a new call, it will forward to Register Number: 22067, automatically, and Register

Account: 22067 rings.
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Example 4: Busy forward to IP

Step 1: On the main page, select [Features>CallFwd] and enter [CallFwd] page. After revising all the
information (Busy Forward: IP, No Answer Forward: IP, Busy fwd No Name: Mobil, Number or URL:
0912345678, No Answer Fwd No Name: ext, URL: 22068), click [Submit].

Forward Setting

“ou could =&t the forward number of vour phone in thiz page.

All Forward: ®aif OPr OpsTH

Busy Forward: Qoff @P

No Answer Forward: Coif &P OPsTN
[ tame | Humber or URL
All Fwd Ne.:

Busy Fwd No.: WMobil 0912345678

Mo Anzwer Fwd No.: sxt 220838

No Answer Fwd Time Qut: 5 (2~8 Ring))

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: When the line is busy, it will forward to [0912345678], and Mobile [0912345678] rings.

Step 5: When it rings 3 time, and nobody answers the phone, it will forward to [Register Number: 22068], and
Register Account: 22068 rings.
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Example 5: All incoming calls will be forwarded to PSTN

Step 1: On the main page, select [Features>CallFwd] and enter [CallFwd] page. After revising all the
information (All Forward: PSTN, All fwd No Name: angel, Number or URL: 0912345678), click
[Submit].

Forward Setting

*fou could =et the forward number of vour phene in thiz page.

All Forward: Coff QR @PSIN

Busy Forward: OOff OIP

No Answer Forward: @or QP OPsTH
[ Mame ]  umberorRL |
All Feed No.: angel 0912345678

Bugy Fwd No.:

No Anzwer Fwd No.:
No Answer Fwd Time Out: 5 (2~8 Ring})

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: When receiving a new call, it will run by PSTN Port automatically, and call Mobile [0912345678]

8.2 Volume Setting

8.2.1 Function

Volume setting controls the volume of the mic, speaker and FXO.
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8.2.2 Instructions

Volume Setting (VolP Gateway Only)
Volume Setting

“fou could =&t the volume of your phene in this page.

Handzst Volums: ] (0~14)
Speaker Volums: 5 (0~14)
Ringer Wolums: 8 (0~10)
PSTH-0ut Velurne: 10 (0~14)
Handzet Gain: 1 (0~14)
Speaker Gain: 8 (0~14)
PSTN-In Gain: 8 (0~14}

Reset

Handset Volume

Default 8. Control the volume of the Handset from 0 to 14. Maximum length is 2
bytes.

Speaker Volume

Default 9. Control the volume of the speaker from 0 to 14. Maximum length is 2
bytes.

Ringer Volume

Default 6.Control the volume of the ringer from 0 to 10. Maximum length is 2
bytes.

PSTN-Out Volume

Default 10.Control the volume of PSTN-Out from 0 to 14. Maximum length is 2
bytes.

Handset Gain

Default 1. Control the handset gain from 0 to 14. Maximum length is 2 bytes.

Speaker Gain

Default 6.Control the speaker gain from 0 to 14. Maximum length is 2 bytes.

PSTN-In Gain

Default 8.Control the PSTN-In gain from 0 to 14. Maximum length is 2 bytes.

Submit [Button]

Save the change.

Reset [Button]

Clear the change.
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8.2.3 Operating Instructions

Step 1: On the main page, select [Features>Volume] and enter [Volume] page. After revising all information
(e.g. Handset Volume: 9, PSTN-Out Volume: 12, Handset Gain: 9, PSTN-In Gain: 13), click [Submit].

Volume Setting

You could set the velume of your phone in this page.

Handset Volume: 9 (0~14)
Speaker Volume: 9 (0~14)
Ringer Volume: 6 (0~10)
PETN-0ut Valume: 12 (0~14)
Handset Gain: 9 (0~14)
Speaker Gain: i} (0~14)
FETM-In Gain: 13 (0~14)

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

8.3 Ringer Setting

8.3.1 Function

Ringer setting provides user with a selection of ringer tones.

8.3.2 Instructions
Ringer Settings

You could set your favorite ringer in this page.

Ringer: Con ® of

Ringer Type: ringer 1 |»

Default: Off means it is a default ringer tone. There are four ringer tones to

Ringer Setting choose from.
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8.3.3 Operating Instructions

Step 1: On the main page, select [Features->Rngtone] and enter [Rngtone] page. After revising all information
(e.g., Ringer: On and Ring Type: ringer 4), click [Submit].

Ringer Settings

You could setyour favorite ringer in this page.

Ringer: @on O off

Ringer Type: ringer 4 »

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: The VIP-8030NT now has a new ringer tone.

8.4 DND Setting

8.4.1 Function

DND Setting denies all incoming calls or all incoming calls in a certain time period.

8.4.2 Instructions
DND Setting

You could setthe do not disturk period of your phane in this page.

DND Always: Oon @of
DND Period: Oon @of
From: i {hh:mm}
To: N {hh:mm}
DND Always Default: OFF. When setting to ON, all incoming calls will be denied.
DNS Period I_Default: _OFF. When setting to ON, all incoming calls will be denied in pre-setting
time period.
From Default: 00:00 (hh:mm), please input the time point that begins the command.
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(24h in total, hh:mm). Maximum length is 2 bytes.
To Default: 00:00(hh:mm), please input the time point that ends the command.
(24h in total, hh:mm). Maximum length is 2 bytes.
Submit [Button] Submit the change.
Reset [Button] Clear the change.

8.4.3 Operating Instructions

Example 1: Start the function that denies all incoming calls in a certain time period.

Step 1: On the main page, select [Features=>DND] and enter [DND] page. After revising all information (e.g.,
DND period: on, from 18:00 to 23:00), press [Submit].

DND Setting

You could setthe do not disturb period of your phone in this page.

DMD Always: Con & Of
DMD Period: @on OOff
From: 18 (00 (hh:mm)
Tao: 23 |00 {hh:mim)

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: When receiving a new call during DND time period, the “busy tone” will be heard.

Example 2: The function that denieds all incoming calls

Step 1: On the main page, select [Features=>DND] and enter the [DND] page. After revising information (DND
Always: on), click [Submit].

DND Setting

You could setthe do not disturb pericd of your phone in this page.

DMD Always: @on QOf
DND Period: Oon @Lf
From: B {hh:mm}
To: N {hh:mm}

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
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Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a
second while the system reboots.

Step 4: When receiving a new call, the “busy tone” will be heard.

8.5 Flash Time Setting

8.5.1 Function

Flash Time Setting means transferring a call or hanging up the phone.

8.5.2 Instructions

Flash Time Setting

You could setthe flash time in this page.

Generate Flash Signal: 10 ®» 10 ms (8~120)

Default 10. Flash signal that is <(less than) 100ms will be regarded as
Generate Flash Signal transfer; flash signal that is > (more than) 100ms will be regarded as
On-Hook. From (9~120), Unit: 10MS. Maximum length is 3 bytes.
Submit [Button] Submit the change.
Reset [Button] Clear the change.

8.5.3 Operating Instructions

Step 1: On the main page, select [Features>Flash Timing] and enter the [Flash Timing] page. After revising
information (e.g., Generate Flash Signal: 70), click [Submit].

Flash Time Setting

You could setthe flash time in this page.

Generate Flash Signal: 70 ¥ 10 ms (9~120)

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.
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8.6 Call Waiting Setting

8.6.1 Function

Call Waiting Setting provides call waiting function.

8.6.2 Instructions

Call Waiting Setting

You could enable/disable the call waiting setting in this page.

Call Waiting: ®on Qof
Call Waiting Default: ON. When setting to OFF, call waiting function will be off.
Submit [Button] Submit the change.
Reset [Button] Clear the change.

8.6.3 Operating Instructions

Example 1: Close call waiting function
Step 1: On the main page, select [Features> CallWaiting] and enter the [CallWaiting] page. After revising
information (e.g., Call Waiting: off), click [Submit].

Call Waiting Setting

You could enable/disable the call waiting setting in this page.

Call Waiting: QO on @ of

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: When there is a new incoming call during calling, the busy tone will be heard.
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Example 2: Start the call waiting function
Step 1: On the main page, select [Features—> CallWaiting] and enter the [CallWaiting] page. After revising
information (e.g., Call Waiting: off), click [Submit].

Call Waiting Setting

You could enable/disable the call waiting setting in this page.

Call Waiting: QO on @ of

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a second
while the system reboots.

Step 4: While Party A is talking with Party B, Party C calls Party A; so Party A will hear the reminding tone. If
Party A would like to answer Party C's call, Party A needs to press the key [Hold] or [Flash] (Party B’s
call is now on hold.). If Party A would like to talk with Party B again, Party A needs to press the key [Hold]
or [Flash]. Party C’s call is now on hold.

8.7 SoftKey Setting (for Phone)

8.7.1 Function

SoftKey Setting provides pick-up key and voice mail key for the phone.
The phone and SIP proxy server are required to have those functions.

8.7.2 Instructions
Soft-Key Setting (VolP Phone Only)

Soft-key Setting

You could configure the soft-key setting in this page.

Pick up key:

Vaoice mail key:

Input the name of the pick up key; can be numerals or signs. Maximum length is
15 bytes.

Pick Up Key
The phone is required to have the related keys.
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Input the name of the voice mail key; can be numerals or signs. Maximum
length is 15 bytes.
Voice Mail Key
The phone is required to have the related keys.
Submit [Button] Submit the change.
Reset [Button] Clear the change.

8.7.3 Operating Instructions

Step 1: On the main page, select [Features—> SoftKey] and enter the [SoftKey] page. After revising information
(e.g., Pick Up Key: *95, Voice Mail Key: *98), click [Submit].

Soft-key Setting

You could configure the soft-key setting in this page.

Pick up key: 05
Voice mail key: *q7

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a
second while the system reboots.

Step 4: When listening to the voice mail, please press [Voice Mail]. When picking up the phone, please press

[Pick UP].

8.8 Hotline Setting

8.8.1 Function

Hotline Setting allows dialing a pre-set number automatically.
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8.8.2 Instructions
Hotline Setting

Hot line Setting

You could setthe hot line in this page.

Use hot line: ) Enable & Disable

Haot line Mumber:

Default: Enable. When setting to Enable, the pre-set phone number that the
user wants to call will dial automatically.
Input hotline number; can be Phone Numbers. Maximum length is 63 bytes. For
example, Phone Number: 0800024365.

Hotline Use

Hotline Number
This function is only for PSTN.

Submit [Button] Submit the change.
Reset [Button] Clear the change.

8.8.3 Operating Instructions

Example 1: Register Account or Input Hotline Number.
Step 1: On the main page, select [Features>Hotline] and enter the [Hotline] page. After revising information
(e.g., User Hotline: Enable, Hotline number: 22062), click [Submit].

Hot line Setting

You could setthe hot ling in this page.

Use hot line: @ Enable C Disahble
Hat line Mumber: 22062

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a
second while the system reboots.

Step 4: After rebooting the system, it will dial [22062] automatically when picking up the phone.
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Example 2: Dial to another IP Address directly.
Step 1: On the main page, select [Features>Hotline] and enter the [Hotline] page. After revising information
(e.g., User Hotline: Enable, Hotline number: 192.168.1.206), click [Submit].

Hot line Setting

You could setthe hot ling in this page.

Use hot line: @ Enable C Disahble
Hat line Mumber: 192.168.1.208

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the
change effective. When the “dialog box” appears, the change has been saved
successfully. And please wait for a second while the system reboots.
Step 4: After rebooting the system, it will dial to IP Address [192.168.1.206] automatically.

8.9 Alarm Setting

8.9.1 Function

Alarm Setting provides the alarm function.

8.9.2 Instructions

Alarm Settings

You could setthe alarm time in this page.

Alarm: Con ®oFF
Alarm Time: 1] 10 {hh:mm})
Current time: 2014-11-27 16:30

Alarm Dgfault: OFF. When setting to ON, alarm function will execute. Duration is 1
minute. Stop the alarm by picking up the handset.

Alarm Time Default: 0:0. (0 hour: 0 Minute). Time format: 24 Hours (hh:mm)

Current Time Show current time. Format 2014-11-27 16:30
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To show correct time, it needs to connect to internet and fill in
the valid DNS server.

Submit [Button] Submit the change.
Reset [Button] Clear the change.

8.9.3 Operating Instruction

Step 1: On the main page, select [Features—=>Alarm] and enter the [Alarm] page. After revising information (e.g.,
Alarm: On, Alarm Time: 12:59), click [Submit].

Alarm Settings

You could setthe alarm time in this page.

Alarm: G@on OOoFF

Alarm Time: 12 1599 {hh:mm}
Current time: 2014-11-27 16:30

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the

change effective. When the “dialog box” appears, the change has been saved
successfully. And please wait for a second while the system reboots.

Step 4: At 12:59, the alarm will go off, lasting for 1 minute. After 1 minute, the alarm will stop. During ringing,
just pick up the phone and the alarm will stop automatically.
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Chapter 9. Update

It provides New Firmware, Auto Update, and Default Setting items.

9.1 Firmware

9.1.1 Function
Update Firmware. Use Local PC or TFTP to update. Format: Risc (.gz) & DSP (.ds)

9.1.2 Instructions
Update System

Update System

You could update your system in this page.

Update Type: ALL ROM hd

File Location:
Method Default: Local PC
Local PC Update by Local PC
Code Type Default: All ROMs (.rom).

. . Please input File Location. Can be numerals or characters. Maximum length: 30
File Location
bytes.

Submit [Button] Submit the change.
Reset [Button] Clear the change.
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9.1.3 Operating Instructions
Example 1: Update by Local PC

Step 1: On the main page, select [Update->Firmware] and enter the [Firmware] page. After revising

the information (e.g., Code Type: All ROMSs), and setting File Location information, click
[Browse].

Update System

You could update your system in this page.

Update Type: | ALLROM v|

File Location: | |[ Browse... |

Step 2: Enter the following page, select update [rom] file, (e.g., voip.rom) and click [Open].

Choose File to Upload E
Lok in; | (&} Deskiop j 2 B B -
l,:iMy Documents 15 utilicy
J My Computer [C3)v1.03PL_R02
My Recert BMV Metwork Places LEQ flashget196en
Documsnts - 420_4PN Flpasswrd
@ A cviLite §B)scrExESetup
) ONYIF Device Test Tool ﬁlsetup
Deskiop | @pUANET IP Wizard IT 88 Shorkeut ko 3CDaemon
§ =~ PPTP 'ﬂ SoftonicDownloader_for_screenexe
__j 4% SCREENZEXE | voip. rom
lﬁSCDaemon
My Dacuments | — - oiberow-2010
LD MWSnan
3%3 [CTOMYIF_Test_Tool_v1l1.12
4y Computer 5D card
[C3)UT-CMS_M256w1 71053722
M}':éork File name: |v0ip j Open |
Flaces
Files of type: [0 Filess ) | Cancel

Step 3: Back to the page [Update Firmware]. Make sure the update file is on [File Location] and click
[Update].

Update System

You could update your system in this page.

Update Type: |ALLROM v

File Location: |C:‘LDocuments and Setti“ Browse... |
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Step 4: When the dialog appears, click [Submit].

Message from webpage

'E MOTE:DO NOT UN-PLUG the power adapter while updating. It will take about 3 minutes to update firmware, Please
[ waik..,

Step 5: After updating, system will automatically reboot.

Step 6: After rebooting and when it goes back to the main page, press [(F5)] to view the result on this
page [System Information].

System Information

This page illustrate the system related information.

Madel Mame: WIP-8030MT
Firmware Version: Tue Mov 18 11:53:13 2014 (1003116)
CodecVersion: Mon Mar 25 15:12:23 20132 (1303250)

9.2 Auto Update

9.2.1 Function

Auto Update Setting provides .gz(RISC) or .ds(DSP) format, the .rom is not available.
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9.2.2 Instructions
Auto Update Settings

You could set auto update seftings in this page.

Update via:

TFTP Server:
TFTP File Path:

HTTP Server:
HTTP File Path:

FTP Server:
FTP Username:
FTP Password:
FTP File Path:

Check new firmware:

Scheduling (Date);

Scheduling (Time):
Scheduling (Time):

Automatic Update;
Firmware File Prefixc

MNext update time:

ot

@or QTP O FIFP

O Power ON and Scheduling
14 (1~30 days)

AM 00:00- 05:59 |w
Al 00:00- 05:59 |»

) Motify only O Automatic

PHONED

O HTTP

Exp. download

Exp. 60.35.187.30

Exp. download

Exp. 60.35.17.1

Exp. filefoad

(& Scheduling only

Update via

Default: Off. Off, TFTP, FTP or HTTP modes are available.

TFTP Server

Input TFTP Server Address; can be IP Address or Domain Name, format:
XXX XXX XXX.XXX; maximum length: 63 bytes.

HTTP Server

Input HTTP Server Address; can be IP Address or Domain Name, format:
XXX XXX.XXX.XXX; maximum length: 63 bytes.

HTTP File Path

Input HTTP File Path; can be numerals or characters; maximum length: 63
bytes. For example, /123/.

FTP Server

Input FTP Server Address; can be IP Address or Domain Name, format:
XXX XXX XXX.XXX; maximum length: 63 bytes.

FTP Username

Input FTP username; can be numerals or characters; maximum length: 63 bytes.

FTP Password

Input FTP Password; can be numerals or characters; maximum length: 63 bytes.

FTP File Path

Input FTP File Path; can be numerals or characters; maximum length: 63 bytes.
For example, /123/.

Check New

Default: Scheduling. Provides Power ON, Scheduling mode.
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Firmware Power on + Scheduling means as long as the system starts

%‘fﬂ to boot, it will check if there is any update version or not.
According to the schedule, if yes, it will not update now, but
will update with your permission.

MNote

According to the date, it will check if there is any update version or not. Default:
Scheduling (Date) 14 days. Minimum: 1 day. Maximum: 30 days. Only numerals are accepted,
length: 2 bytes.

Default: AM 00:00 — 05:59 ; AM 00:00 — 05:59,AM 06:00 — 11:59, AM 12:00 —

Scheduling (Time) ) )
17:59, AM 18:00 — 23:59 is available.

Default: Notify only. Notify only and Automatic are available.

- Notify only: the message will be found on LCD, and when the phone is picked
up, “Do Do Do” will be heard.

- Automatic: Update automatically.

Automatic Update

Firmware File Prefix | Default: Product model. Can be numerals or characters; maximum: 8 bytes.

Next update time begins with the next day, not today.

Next Update Time Formula: the next day + days + time zone + MAC Address + Random = Next
update time.
Submit [Button] Submit the change.
Reset [Button] Clear the change.
Remarks:

Check new firmware: Power on

As long as the system starts to boot, it will check if there is any
update version or not. According to the schedule, if yes, it will
not update now, but will update with your permission.

> (Phone)
[Found new s/w] will be found on LCD, please select [Menu] -- [7. Administrator=>2. Upgrade
System->1. Upgrade Now-> 1. Yes] and then update.

> (FXS/FXO0)
When the phone is picked up, DoDoDo will be heard. Please input”#190#" and then hang up the
phone, pick up the phone again, and input “#190#” to execute update.

It takes 2~3 minutes to update. During this period, dialing

S function cannot work. It is not the problem of the power supply.

9.2.3 Operating Instructions

Example 1: Auto Update. (Please build Auto Update file.)

Step 1: On the main page, select [Update-> Auto Update] and enter the [Auto Update] page. After setting
HTTP Server information and revising the information (e.g., Update via: HTTP, HTTP Server:
61.62.236.70, HTTP File Path: /update/, Check new firmware: Scheduling, Scheduling (Date): 14,
Scheduling (Time): AM 00:00-05:59, Automatic Update: Automatic, Firmware File Prefix: TA1S), click
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[Submit] and save change.
Auto Update Settings

You could set auto update seftings in this page

Update via: Coff QTP QO FTP ©HTTP

TFTP Server:

TFTP File Path: Exp. download
HTTP Server: 61.61.236.70 Exp. 60.35.187.30
HTTF File Path: update Exp. download
FTF Server: Exp. 60.35.171

FTP Usermame:
FTP Password:

FTP File Path: Exp. fileload

Check new firmware: © Power ON and Scheduling (&) Scheduling only

Firmware File Prefic TA1S

MNext update time:

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.

Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.
When the “dialog box” appears, the change has been saved successfully. And please wait for a
second while the system reboots.

Step 4: After rebooting and when it goes back to the main page, press [F5] to refresh, select [Update — Auto
Update] and enter [Auto Update Settings] to get next update time. E.g.: [Next Update time: 2014-12-03
04:45].

Step 5: When [Next Update Time] comes, it will connect to HTTP Server to check if there is update or not, if yes,
update will be made automatically.
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Example 2: Update with permission (Please build Auto Update file first)
Step 1: On the main page, select [Update — Auto Update] and enter the [Auto Update] page. After setting

FTP Server information and revising the information (e.g., Update via: FTP, FTP Server: 61.62.236.70,

FTP Username: cmi, FTP Password: cmi, FTP File Path: /update/,Check new firmware: Power,
Scheduling (Date): 30, Scheduling (Time): AM 00:00-05:59, Automatic Update: Notify only, Firmware
File Prefix:TAL1S] click [Submit] and save change.

Auto Update Settings

You could set auto update settings in this page

Update via

TFTF Server:
TFTP File Path;

HTTFP Server:
HTTP File Path:

FTP Server:
FTP Username:
FTP Password:
FTP File Path:

Check new firmwara:
Scheduling (Date):

Scheduling (Time):
Scheduling (Time):

Automatic Update:

Firmware File Prefix

Next update time:

Oort OTFTP @ FTP

61.61.236.70
cmi
(L L]

update!

O Power ON and Scheduling
30 (1~30 days)

AM 00:00- 05:59 »
AM 00:00- 05:59 »

& Motify only O Automatic

TA1S

Reset

O HTTP

Exp. download

Exp. 60.35.187.30

Exp. download

Exp. 60.35.17.1

Exp. filefload

(=) Scheduling only

Step 2: After saving the change, a “dialog box” will appear, meaning the change has taken effect.
Step 3: On the main page, press the “save” button on the upper right corner to make the change effective.

When the “dialog box” appears, the change has been saved successfully. And please wait for a

second while the system reboots.

Step 4: After rebooting and when it goes back to the main page, press [F5] to refresh, select [Update — Auto

Update], and enter [Auto Update Settings].
Step 5: When [Next Update Time] comes, it will connect to FTP Server to check if there is update or not; if yes,

a message will be sent.
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9.2.4 Remarks

»  (Phone)
[Found new s/w] will be found on LCD, please select [Menu] -- [7. Administrator=>2. Upgrade
System->1. Upgrade Now->1. Yes] and then update.

»  (FXO)
When the phone is picked up, DoDoDo will be heard. Please input”#190#" and then hang up the
phone, pick up the phone again, and input “#190#” to execute update.

i’-_-::i-};{‘ﬂ It takes 2~3 min to update. During this period, dialing function cannot work so it is
not the problem of the power supply.

Mote

9.3 Default Setting

9.3.1 Function

Default Setting restores all changing information (excluding Phone and Speed Dial). After restoring default
setting, the system will reboot.

9.3.2 Instructions

Restore Default Settings

You could click the restore hutton to restore the factory settings.

Restore default settings:

‘ Restore [Button] ‘ Restore the factory settings.

9.3.3 Operating Instructions

Step 1: On the main page, select [Update->Default Setting], enter the [Default Setting] page and
click [Restore]. The system will reboot.

Restore Default Settings

You could click the restore hutton to restore the factory settings.

Restore default settings:
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Step 2: Enter the dialog box page and please wait for a moment while rebooting.

Note Information

This page inform user impaortant information.

Configure OK.

Please wait for a moment while rebooting ...

Step 3: After rebooting and when it goes back to the main page, press [(F5)] to refresh.
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Chapter 10. Save Change

10.1 Function

After saving changes, the system will reboot.

10.2 Instructions

Save Changes

You have to save changes to effect thern.

Save Changes:

‘ Save [Button] ‘ Submit the change.

10.3 Operating Instructions

Step 1: Select [Save] and enter the [Save] page. To execute the command, click [Save].

Save Changes

You have to save changes to effect them.
Save Changes:

Step 2: When the “dialog box” appears, the change has been savedsuccessfully. And please wait
for a second while the system reboots.

Note Information

This page inform user impartant infarmation.

Configure OK.

System will reboot automaitcally to effect those changes and please wait
for a moment while rebooting....

Step 3: After rebooting, please press [(F5)] to continue other settings.
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Chapter 11. Reboot System

11.1 Function

Press the reboot button to restart the system.

11.2 Instructions

Reboot System

You could press the reboot button to restart the system.

Reboot system:

‘ Reboot [Button] ‘ Execute.

11.3 Operating Instructions

Step 1: On the main page, select [Reboot], enter [Reboot] page, and then click [Reboot].

Reboot System

You could press the reboot button to restart the system.

Reboot system:

Step 2: Enter the [dialog box] page, please wait for a moment while rebooting, and please don’t
move the power supply.

Note Information

This page inform userimpartant infarmation.

Configure OK.

Please wait for a moment while rebooting ...

Step 3: After rebooting and when it goes back to the main page, press [(F5)] to refresh.
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Chapter 12. Phone Transfer Rule

12.1 IP mode Transfer Rule
12.1.1 Blind Transfer

A and B are talking. If A wants to transfer the call to C, A should press [Hold] to hold B’s call, and then
press [Transfer/Flash], input C's number, and end with “#”. The call is now transferred to C.

12.1.2 Attendant Transfer

A and B are talking. If A wants to transfer the call to C, A should press [Transfer/Flash], and input C’s
number, end with “#”, and then C’s phone rings. If A hangs up the phone, B can talk with C.
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Chapter 13. Gateway/TA Transfer Rule

13.1 IP mode Transfer Rule
13.1.1 Blind Transfer

A and B are talking. If A wants to transfer the call to C, A should press [Hold] to hold B’s call, and then
press #510# and C’s number, and end with “#” to transfer the call to C.

13.1.2 Attendant Transfer

A and B are talking. If A wants to transfer the call to C, A should press [Hold] to hold B’s call, and then
press #511# and input C's number, and end with “#”; then C’s phone rings. If A hangs up the phone, B
can talk with C.

13.1.3 3-way calling

A and B are talking. If Awants C to join the conversation, A should hold B'’s call and then press #512#
and C’s number, and end with “#”"; then C’s phone rings. If A wants to talk with C, A should press
“flash” to have the 3-way call (A, B and C can now talk together.).

13.1.4 Call Waiting

While A and B are talking, C calls A. A can hear the inset tone; A could press [Hold] to hold B, and talk
with C.
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Chapter 14. Appendix

1. Ethereal has been renamed to wireshark. Please visit the link below to download this software.
https://www.wireshark.org/download.html

2. After install WireShark complete, open the WireShark, and press the “Interface List (1)".
Select your “Ethernet Card” and press the “Start” to capture the packet.

CFEX

Description g Packets Packets's

E Ldapter for generic dialup and VPN captore wiltnew [ Options | | Detadls

7| ADMiek ANGR3HANORSMATMIS| K NDISS Driver (Misrnsnfts Facket Scheduler) 192168012 26 12
b | BMarvell Gigabit Ethernet Controller (Microsoft's Pasket Seheduler) 1011100 62 4

Cloz

& Interface List = Open
] Live lizt of the capfore interfaces (copnts incoming packets) Jpen 3 previopaly captomd file
Start capture on interface: Open Recent:

g Adapter for generic dialup and VEN caphure
tEl ADMtek ANOE2/ANOE5ADMAS1E NDIES Driver (Mict ...
EE} Marvell Gigabit Ethernet Controller (Microsof

m Capture Options
Start s captore with detailed optings @ Sample Captures
£ rich mzortment of e1ample captors files oo the wiki

You can filter the SIP packet from this packet we can check detail information about this issue.

2! Realtek RTLE139 Family Fast Ethernet Adapter (Microsoft’s Packet Scheduler) : Captoring - Wireshark

File Edit View Go Capture Analze Statistics Help

O O x o 8 Revswngs|EBE Qaan o E x|l @

Eilter:]ﬁ ~ Expression.. Clear Apply

Mo, . Time Source Destination Frotocal | Info
. 381038
158 26.383755
159 26,386502 192.163.

REGISTER sp:192.168.0.75
Status: 404 Mot Found (0 bindings)
] SIP Regquest: REGISTER sip:l52.168.0.89
.30 SIP Status: 100 Trying (1 bindings)

.89 192.168.

COD oo oD oo
]
(=1
[shel=lalalefalafal
ra) -]
(1]

160 26.387330 192.168.0.8% 192.168.0.30 SIF Status: 401 Unauthorized {0 bindings)
16l 26.395557 152.168. 152.168. SIP Reguest: REGISTER s1p:l92.168.0.89

162 26.357808 1592.168.0.809 1582.168.0.30 SIP Status: 100 Trying {1 bindings)

163 26.412209 192.168.0.88 192.168.0.30 5IP Status: 200 oK (1 bindings)

236 34,877626 192.168.0.89 192.168.0.30 SIP Reguest: MOTIFY sip:l004@1592.168.0.30:50681
237 34.882475 1592.168.0.30 152.168.0. 8% SIF Status: 200 CK
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