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1. Safety Instructions

Warning

1. Do not attempt to service the product yourself. Any servicing of this product should be
referred to qualified service personal.

2. To avoid electric shock, do not put your finger, pin, wire, or any other metal objects
into vents and gaps.

3. To avoid accidental fire or electric shock, do not twist the power cord or place it under
heavy objects.

4. The product should be connected to a power supply of the type described in the
operating instructions or as marked on the product.

5. To avoid hazard to children, carefully dispose of the product’s plastic packaging.

6. The phone line from Telecom Company or traditional PBX should always be
connected to the LINE or FXO connector. Incorrect connection to the PHONE/FAX or
FXS connector may damage the product.

Read all the instructions before using this product to avoid damage to the product.
First read the Quick Installation Guide for installation followed by this manual for
adjustments and advanced settings. If this document is in digital format, print out
the whole manual for easy installation.
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2. Preface

VST3300 Series was designed with the latest Voice Over IP (VoIP) technology. It acts as
a traditional telecom PBX, IP-PBX, SIP Server and SIP Client, but integrated together in
one device. It achieves high quality voice communication and FAX service by using low
cost Internet connection and so saves money while providing additional value added
services. This product features easy installation, high mobility and versatile applications.

VST3300 Series models are listed below:

Model Name Analog Channels SIP Channels (Default)
SIP Lines SIP Trunks
VST3305 3 1 FXO + 2 FXS 8 2
VST3306A 4 2 FXO + 2 FXS 12 2
VST3306B 4 4 FXS 12 2
VST3306C 4 4 FXO 12 2
VST3306D 4 1 FXO + 3 FXS 12 2
VST3310 16 Port Base Unit 24 2

Note: Volume of SIP Channel can be increased with purchase of expansion license keys.
Please contact your distributor for more information.

Optional accessories for the VST3318 model:

Modules Description
MP3208+ 4FXS + 4FXO
MP3008+ 8FXS
MP3108+ 8FXO

VST3300 Series is equipped with commercial PBX, IP-PBX, SIP Server and SIP Client
functions.

SIP devices (Gateway, IP Phone, Softphone, Wi-Fi phone, etc.) that comply with
RFC3261 standards can register to VST3300 Series devices and becoming part of the
whole IP-PBX system. Furthermore, making SIP call is the same as dialing between
extensions.

VST3300 Series also acts as a SIP Client by registering to ITSPs (Internet Telephony
Service Provider). Thus, users can also benefit from additional services provided by
ITSPs, such as free calls inside ITSP’s network and ITSP’s cost savings on calls to
PSTN.
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3. Introduction of Features

VST3300 Series is designed to be the most advanced fully distributed, stackable and
networking structure. It not only provides traditional PBX functions, but also the latest IP
switching technology for users around the world to share voice resources from the
IP-PBX. Its Lines (extensions) can connect an analog phone set, a fax machine or SIP
device complying with RFC3261. Its Trunk can connect to traditional CO line (PSTN) and
new generation Soft Switch. Below is a brief feature description.

3.1 Trunk Features

Trunk Groups

This function divides trunk into 2 groups, a local trunk and a SIP IP Trunk. Users can
make calls via a trunk group according to what call type they want.

Auto Trunk Selection

When an extension wants to make a trunk (PSTN or SIP) call, the user need only
dial the Trunk Group access code such as "9". Then, the system will select a free
trunk port in the selected trunk group automatically depending on the needed use.
This function works for one machine or all other machine that are cascaded together.
Specific Trunk Seizure

When an extension wants to make a trunk (PSTN) call from a remote site, the user
can seize a specific remote trunk in advance. When the dial tone of remote trunk is
heard, they can then dial the PSTN number. When this function is used, extension
barring is still under effect.

Trunk Class

Trunks can be grouped by detail for different trunk connection types, special
numbers or devices such as a door phone or for paging (speaker). Users can select
a specific trunk according to their purpose.

Call Barring

There are 6 barring classes for each extension. Each barring class can apply to each
extension to limit calls.

Transit Call

PSTN incoming calls can be transited out to another PSTN via the device under
password control. Users who aren't at the office can save on PSTN calls via the
VoIP network.

Speed Dial

This machine provides 100 sets of Abbr. Dial numbers. Numbers that are too long
can be defined as a speed dial number. User can then quickly dial without
remembering long numbers.
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B Direct Outward Dial
When the extension is seldom to make call to other extension, VST3300 Series can
make this extension to seize trunk automatically when phone set is pickup. User can

make trunk call directly without selecting or seizing different trunk.

3.2 Line Features

B Call Pickup Group
Users can be grouped for Call Pickup purposes, such as Sales, R.D. with a total of
10 groups maximum. Users can pickup others' extension belonging to the same
group but not those belonging to others.

B Group Hunting
A series of extensions can be grouped together and assigned an access code.
Incoming calls with that access code will be directed to the extension in that group
that is idle.

B Hot Line
Extension can hotline to specified extension or PSTN number. When this hot lined
extension is picked up, the call route to specified extension or PSTN number is built.

B Zone Paging
The (trunk) FXO port of VST3300 Series can connect with a paging (speaker)
system. Users can then make remote speaker broadcasts.

3.3 Phone Features

B Call Transfer
VST3300 Series can make consulted transfers. An extension can transfer an
incoming call to any extension in the system, either at a local or remote site.

B Call Park
When incoming calls are not answered by the right person, or the person answering
doesn't want to talk, the person answering can activate Call Park. The incoming call
is held and the caller will hear music. The person who answered can then give the
message of the caller to the right person by using the broadcast system. The right
person can retrieve the incoming call with his phone set using the park ID.

B Music on Hold
When an incoming call is held or transferred, the system plays music for the caller
indicating his waiting status.

B Automatic Call Release
VST3300 Series provides a busy tone detection function. If activated, this function
ensures a call release will be successful when (1) incoming trunk (PSTN) call is
answered by auto attendant (2) incoming trunk (PSTN) call make PSTN-IP-PSTN
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call. Busy tone detection can decide the trunk state of (PSTN) call to activate Call
Release.

Conference Call (optional)

When work with the Conference Bridge (optional), conference calls are available.
Each Conference Bridge provides one meeting room with 4 maximum lines or trunks
to join a conference. The volume of meeting rooms is unlimited.

3.4 Extension Features

Call Forward

Extensions can be forwarded to any extension (local or remote site). Forwarding
calls for All Calls, Busy, No Answer, Busy or No Answer.

Offnet (Mobile Phone, PSTN) Call Forward

This is a unique design of the VST3300 IP-PBX. When a user is unable to answer
their extension on the desktop, the Call Forward function can be configured so that
the incoming call is sent to the next device, such as mobile phone in the PSTN.
Never miss incoming calls. This rule for call forward also includes: All Calls, Busy, No
Answer, Busy or No Answer.

Secretarial Intercept

In manager/sectary situations, you can set all incoming call to manager to be filtered
by the secretary. The secretary can then decide to forward calls to the manager.
Timed Alarm

An extension can set an alarm via keypad on phone set. The phone set will ring
notifying you when time is reach; like Morning Call.

Do Not Disturb (DND)

When set, an extension can make outgoing calls, but incoming call are restricted.

3.5 System Features

Flexible Extension Numbering Plan

Extension numbers can be flexible configured according to needs. Users can
consider organization and original numbering plan of the company, user friendliness
and easy of memorization.

Selectable Tone/Ring Specification

VST3300 IP-PBX can select suitable Ring Back Tones, Dial Tones and Busy Tones
to fit local telecom specifications.

Call Detail Recording

The system provides trunk detail recording of (PSTN) calls that can be used for
billing purposes.

Emergency Telephone
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For models that have symmetric module (VST3305, VST3306A, VST3306D,
VST3318) they can connect PSTN and an extension directly for emergency call
shoud there be a loss of power.

B Built-in DISA
DISA is built into this product for each incoming trunk and IP call. The greeting
section can be recorded by phone set.

B Built-in Dialer
An ITSP dialer is built into this product. The system administrator can specify a
suitable ITSP (Internet Telephony Service Provider) anytime for international or long
distance calls. End users (extensions) of the system need not change their dialing
behavior.

B Behind PBX Operation
The device is also able of connecting to traditional analog PBXs. Trunk ports and
Line ports of a traditional PBX can integrate with the VST3300 IP-PBX system to
fulfill the complete VoIP switch system and so share voice resource in different
places.

B Voice Mail Integration
This product can connect to other commercial brand Voice Messaging devices with
extension ports, then it is able to support function like voice guidance and voice
messaging.

B Networking & Stacking Service
This product is designed with distributed architecture, making reliability higher than
normal Client-Server structure IP-PBXs and increasing the ability to grow and fit
network requirements. Multiple units can create a single IP-PBX in a single location
of a LAN or, similarly, add multiple units in different locations to work together as a
single PBX system in a WAN.

B Private IP Supporting
This device can work with Private IP under NAT, and with a Router using dynamic IP
in a WAN. This is very important for countries where few IP address are available.

10
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4. Appearance

This device can work together for stacking/networking. Below are the figures and LED

indicators of the units.

4.1 Panels

Front Panels
VST3318

[E]e]s]e]-[c]o][e] VST3318A

Powered by Accton

100- 120V / 2A AC
200- 240V /1A AC
50/ 60HZ

VST3306 A/B/C/D
[Eefs]e[-[e[o] ] = | VCT3306A

nsol
Powered by Accton Console

Power Alarm
o &

Link/
Activity @

100Mbps @

Alarm Activity NTP
® ] ]

Power CMNTSRVR  ITSP 9600 8N1
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Power Alarm

Link/
Activity @
100Mbps @

Activity

Phone Link

LOOPIRING

NTP CMNT SRVR ITSP
[ ] ]

CDR
-al-

Console

9600 8N1

LAN/
Internet

PC LAN/Internet

Rear Panel
VST3318
o &
= £ i o
VST3306A (FXS/FXO combinations vary depending on model)

==

i - | ¥
O 9 O Dwdormms
L ]

FrE

o &
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VST3305

—3—
UEEINE DC9OV/0.5A

LD XYY - of

] 1]
FAX/PHONE LINE CID  COMSATE  mroancast - @ +

LAN

4.2 Module Appearances

There are 3 modules (MP3008+, MP3108+, MP3208+) for the 8 and 16 port models.
For the installation of these modules, please refer to quick installation guide.

FX& FX&

i 12 3 41 2 3 4 1 2 r—
@ mgour @ © O © | | | | | 00 Chgor @

WP3008

w
=
w

MP3008+ (8FXS)

X0 X0

12 3 4 1 2 3 4 T
[T T T 1 © 9% Cuen @

MP3108«

w
IS

O
O
O

1
LOOP!
‘@} RING IN ©

MP3108+ (8FXO)

FX0

w
=

12 03 4 1 2 3 4 [ L e
L I [ [ ] © 2 ° Yuew
WP3205

w

O
O
O

1
LOOP!
‘@ RING QUT o

MP3208+ (4FXS + 4FX0)

4.3 LED indicators

Type Label LED Description
10/100 Ethernet |Link/ACT ON Network Linked Up
FLASH Sending/Receiving data
packets
100Mbps ON Transmission Rate is
100Mbps
OFF Transmission Rate is 10Mbps
Port Information [LOOP/ RING OUT |ON Phone set is off the Hook,
(FXS) loop current detected
FLASH Ring signal sending
LOOP/ RING IN ON Answered, loop current
(FXO) detected
FLASH Ringing detected
Device PWR ON Power supply is normal
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ALARM ON Errors detected when auto
HW diagnostics running
Activity ON CPU is operating normal
FLASH CPU is Running
ON Able to access NTP Server
(Time Server)
FLASH System is not connected or is
NTP not currently connected to
NTP Server
OFF Not able to access NTP
Server
CMNT SRVR ON Registered to Community
Server
OFF Not registered to Community
Server
ITSP ON All SIP Entities have
registered to another Proxy
Server (ITSP) successfully
SIP Entities have partially
FLASH registered to another Proxy
Server (ITSP) successfully
Not registered to Proxy
OFF Server or SIP Entities failed
to register to another SIP
Proxy Server
4.4 Connection Ports
Terminal |Label Description
Voice FXS For analog phone sets or FAX machines
FXO For PSTN or trunk connections
BROADCAST (Only For an amplifier or speakers (earphone)
available on
VST3305)
Network To WAN (MDI-X) RJ-45 MDI-X terminal, for WAN
To LAN (MDI) RJ-45 MDI terminal, for LAN
CDR For Call Detail Recording
RS-232
CONSOLE For system console management

13
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5.Planning of Extension

There are two kinds of extensions for this machine. One type is for phone sets that
connect to this machine physically, and the other is for SIP extensions. A SIP extension
does not have to physically connect to the VST3300. The SIP extension terminal device
(SIP Phone, Softphone, wifi phone, etc) need only connect to the IP network and thus to
the VST3300 device.

The extensions here in this chapter are the physical extensions of the PBX. SIP
extensions, will be described in section 13 Create the Connection of SIP Device

5.1 Extension Numbers

The default physical extension numbers are 1011~1026 (physical ports available depend
on model type)

5.1.1 How to Find the Default Extension No. from Web

Web Path: 2.Channel\2.1.Summary

Pick the Channel you wish to configure that is of type FXS, note its extension number.

Barring Statistics PickUp/ Voice  Gain

Ch St Suffix |Type | DND  Fwd  “rpee T3 “lwout  Group Mail  InfQut
1 1ior | | - : 1 : o Vv 0
2 12i0p |exs| - e 0 : o Vv 0

1011 means its extension number is 1011, and so on.
To configure that channel, click its St (Status) icon to enter the sub-configuration menu.

5.1.2 How to Find the Default Extension No. from Box

For 3 or 4 port models, check the machine label. Example below is of the 4 port model.
If —— \l

: 1 2,3 4

i |

| FXS FXO

- e == =

Only FXS ports can acts as extensions. 1 means the extension is 1011. 2 means the extension is
1012, and so on.
For thel6 port model, please check the matching table below.

14
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Group Location No. printed on panel
Model .

Extension number, only

FXS are extensions

Group 1 Lower module (S1),4 ports| 1 2 3 4
of left side 1011 | 1012 | 1013 |1014

Group 2 Lower module (S1),4 ports| 1 2 3 4
of right side 1015 | 1016 | 1017 | 1018

VST3318 |:i

Group 3 Upper module (S2), 4 ports | 1 2 3 4
Of'efﬁ"je:' 1019 | 1020 | 1021 | 1022

Group 4 Upper module (S2), 4 ports | 1 2 3 4

of right side

l:— 1023|1024 | 1025 | 1026

5.2 Configuration of Pickup Group

Pickup groups can be configured for FXS ports and users in the same group can pick up
each other's extensions.

5.2.1 Pickup Group for an Extension of This Machine

Web Path: 2.Channel\2.1.Summary

Select the Channel with a type of FXS and click its St (Status) icon.

Barring Statistics PickUp/ Ext. Voice Gain
CH St Sufiix |Type| DND  Fwd “np ™ T3 “hjout  Group  No.  Mall  In/Owt
1 1/0FP | FRS - - 0 - aa 1/;1 1011 - 01
2 12 FxS B/C* 0 - oa v i1 1012 - 040

A window will pop up. Select a Group ID number from the My Pick Up Group drop-down
menu. Select Yes in the Picked up By Others Control area to allow this function.

PickUp/
Group |0 |1 j\G:u:]]
i .
_ v Change is reflected
Control | Yes W—=a e summary table.

15
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5.2.2 Call Pickup from another Machine

Call Pickup can be used for extensions belonging to the same pickup group, but different
machines. However, please consider the following issues before configuration:

The extension lines defined in a Call Pickup Group should be within hearing
range of rings. This reduces missed calls if extensions are far apart or
accidental call pickup of calls not in the same Pickup Group.

The extension lines defined in the same Call Pickup Group must be under the
same Subnet. Extensions configured in the same Pickup Group ID cannot pick
up a call not in the same Subnet.

Maximum 9 groups can be defined for Call Pickup.

Using VPN applications, it is possible to have the same Subnet for two branch
offices in different locations. Should this occur, separate them into different
Subnets, such as 192.168.1.xxx and 192.168.2.xxx, to avoid accidental pickup
from a different office.

VYPN Area B
Pickup Q or O Pickup O
& & LAN & .
Grroup A Group B
192.168.1.)::15-{.‘?, m:‘y

B Note: extension lines can be configured individually if call pickup is set or not.

5.3 System Configuration for Extension Permission

There are two kinds of permission for extensions. One is to limit use of the auto routing
function that makes PSTN call via this machine, called Outgoing Transit Permission. The
other is to limit users making PSTN calls with certain prefix number when user had
seized trunk (PSTN), called barring.

5.3.1 Permission of Outgoing Transit Calls

The feature Outgoing Transit Call enables remote devices to make or transfer a call to
PSTN line via this machine.

16
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Because charges for lines calling to PSTN are paid by the owner of this machine, only

the calls from the remote gateway with permission are allowed to make outgoing calls
through trunk of this machine. VST3300 Series defines three Route types to the different
equipments. Each remote e will be assigned a Route Type for Outgoing Transit Call via
this machine.

e Local :Onlylocal calls are allowed

e Toll Call : Only local and toll calls are allowed

There is a "Permission List of Outgoing Transit" in this machine; the devices that have
permission to make Outgoing Transit call are listed here. The list records information of:

e MAC Address
e Phone Number

e Route Type

Outgoing Transit permission of a machine itself is already entered by default when
shipped. Users of the machine can make PSTN calls directly or make PSTN calls when
PSTN trunk is seized. For one unit no additional Outgoing permission configuration is
required. If another unit wishes to make a trunk (PSTN) call via this machine, see the
following instructions.

1. Enter the MAC address and the telephone number of the remote device to be
permitted. MAC Address can be found on the bottom label of the machine. The
example below is 00-03-62-80-27-37

MODEL NAME:

proouct sN: | NI ACHTMUN I
TP350481B0423000006

Mac ADDRESS: - | |1 MM
000362802737

P PHONE NO: | ||| ML NAIN
+28-6-201-1006

Input Rating: 5V /1.5A DC__ 12V / 0.5A DC

[(#aE 3502C635 |
This unit complies with Part 15 & 68 of FCC Rules.
FCC REG.NO.:US:VTLMF06BPF3504
REN: 0.6B

UsSoC JACK: RJ11C

Operation is subject to following two conditions:

(1)This device may not cause harmful interference

(2)This device must accept any interference
received including interference that may cause
undesired operation.

Region: Taiwan

MADE IN TAIWAN B04E08RA5

MAC Address of
this machine
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2. Choose the Route Type from Local, Toll

3. Click  Apply |Button

Web Path : 1.System\1.3.0utgoing Permission

Apply Cancel
. List of devices alread
Capacity: B . . y
Current Entry: ’ Perr.nltte to use the
device’s trunks
Selection List... / Page |1 |/1 _Show | == | }}l
MAC Address Phone Number Attempts  Duratioh Route Type
00-03-62-80-77-90+ 886215419216 4 K] 0000 Tall
MAC Address FPhone Humber Eoute Type
AddModify: | [ || Local -
Delete: | | '\
Delete All Mo -
| =l Entry Blanks for
steps 1 and 2
Key In MAC: | | Search |

The " + " sign followed by the MAC Address in the Outgoing Permission List means
that device is allowed to make Outgoing Transit calls and to seize remote trunks from the
FXO ports of this machine.

5.3.2 Barring Class

The main purpose of Barring is to allow or disallow extensions to make PSTN trunk calls
that start from certain digits (prefix). For the example, in Taiwan, 0 is used for long
distance calls and 002 for international call.

For VST3300 Series, there are a maximum of six Barring Classes of any pre-defined
barring rule that can apply to each individual extension. For example, the ability to dial a
phone number can be defined in the Barring Class table. For each extension line, only
one Barring Class can be selected.

Attention: Barring class only control phone calls that seize a trunk first, then dial
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outgoing numbers later. Barring class can not control phone calls that use the auto

routing function.

5.3.2.1 Create Barring Class

To configure Barring Classes follow the Web Path 1.System\1.7.Barring Class. Barring
Classes can be defined as "Accept" or "Deny". Each attribute can be defined in Barring

List and Exception List. Only one Attribute can be defined for each Barring Class. The
default values for the six classes are 0 and no data are defined.

Analog Trunk
Class: [Class 1
Marme:
Aftritbute: IEA

Barring Class Setting

j Select |

SIP Trunk

|Class 1 jﬂl

MEA,

Barring Class Setting

Class Attribute: | Deny x| Mew | Delete | { Deny | Mew | Delete |
Class MName: | | Add [ | Add
Barring: | | Add Delete | | Add Delete
Exception: | | Add Delete | | Add Delete
Barring List Barring List
Exception List Exception List
Group Field Description Default
Value
Class Class Selection of Barring Classes, Choose from 1 to 6
Name Displays the name of barring class (Display Only) |Blank
Attribute Displays the attribute of Barring (Display Only) |N/A
Class
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Barring Class |Class Attribute The attribute of the class, Deny or Accept. There
Setting are Barring Table and Except Table may be defined

for each attribute. Only one attribute can apply to
one barring class, can be Deny or Accept

DENY: (Positive list, configure prefix number for
phone call allowed only)

All numbers are denied except the numbers listed in
the Exception List. When DENY is selected, it is not
necessary to define Barring List, because DENY is
to reject all numbers.

ACCEPT: (Negative list, configure prefix number
that is not allowed for phone call)

Accept all numbers except number in the Barring
List. The number in the Exception List are
exceptions.

New: When Attribute has not yet to apply to barring
class (shown N/A), click New to add the Attribute to
selected Barring Class

Delete: Delete the Attribute to selected Barring
Class. Delete the attribute of certain barring class
will deactivate that barring class.

Class Name Defines a name for the selected Barring Class; any
name less than 15 characters can be defined by the
system Manager.

Add: Add class name for Barring Class.

Barring The phone number (less than 18 characters) that is
limited to be dialed

Add: Adds phone number to Baring List for
selected Barring Class

Delete: Deletes phone number from Barring List for
selected Barring Class

Exception The phone number (less than 18 characters) for
exception

Add: Adds phone number to Exception List for
selected Barring Class

Delete: Deletes phone number from Exception List
for selected Barring Class

Barring List Displays all numbers to be (Display Only)
barred that is related to the

attribute

Exception List Displays all exception in Except (Display Only)
Table that is related to the
attribute
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5.3.2.2 Steps to create the Barring Classes:

1. Select a Barring Class (1~6) from the field of "Class" under Barring Class
Configuration, then click Select button.

2. Select an Attribute for the selected Barring Class, ACCEPT or DENY, and click New

button.

Enter a name for Barring Class in the field of " Class Name" and click Add button.

4. Now you may define the details based on the attribute selected. Create the Baring
List by clicking the Add button, and create the Exception List by clicking Add button.

w

After the Barring Classes are created, you may select a Barring Class for the IP-PBX
extension.

(1) Example-1

If this machine is located in Shanghai, and only the calls to Beijing (Area Code = 010)
and the calls to mobile phone (Area Code = 013) in China are allowed. For this Barring
configuration, define the Area Code 010 and 013 in Exception List, other numbers will be
denied.

Attribute DENY

Barring Table (No configuration is
required when attribute
is "Deny")

Exception Table 010 013

(2) Example-2

If this machine is located in Shanghai and only local calls to Shanghai are allowed, then
all numbers starting with 0 (including toll calls and international calls) are not allowed
except Beijing (Area Code = 010) and Shenzhen (Area Code = 0755).

Attribute ACCEPT
Barring Table 0
Exception Table 010 0755

(3) Example-3

If this machine is located in St. Jose, USA, and only local calls in St. Jose are allowed,
then Toll calls (starting with 1) and the international calls (starting with 011) are not
allowed except calls to Beijing (011-86-10).
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Attribute ACCEPT
Barring Table 011 1
Exception Table 0118610

(4) Example-4

If this machine is located in Tokyo, Japan, and only local calls to Tokyo are allowed. The
toll call (starting with 0) and international call (starting with 001) are not allowed except
calls to Shanghai (001-86-21).

Attribute ACCEPT
Barring Table 001 O
Exception Table 0018621

5.3.2.3 Modify the Attribute of Baring Classes

If the attribute of a Barring Class is defined, a new attribute (New) to the same Barring
Class is not allowed to be defined. To modify to the attribute of a Barring Class has,
delete the attribute (Delete), and then define a new one.

5.3.2.4 Apply Barring Class to Extension Line

Each extension line may select a Barring Class from the six classes when Barring Class
Is configured.

Web Path : 2.Channel\2.1.Summary

Select the Channel with FXS Type and click its St (Status) icon.

Statistics PickUp/ Ext. Voice  Gain
In/Out Group No. Mail In/Out

0/ v 1011 - 00
0/ v 1012 - 0/

CH St Suffix | Type DHD Fwed

1 1iops [rxs | - :
2 (@ 1 FXS - BiCT

T.38

Select a Barring Class, 1~6 (default is 0, meaning no barring) in the status table and then
click Apply

D 0 =
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5.4 Configuration to Join Operator Group

VST3300 series IP-PBX supports several types of Operator:

e DISA: is an Auto Attendant system that can answer incoming calls and play the
greeting instructions. It can be disabled.

e Operator for this machine: Operator (personnel) takes incoming calls manually.

e Network Operator: Operator (personnel) at network site takes incoming calls
manually.

When a call is coming from a trunk (i.e. FXO port) or from IP, DISA answers the call by
default. If incoming call user presses 0, it will be picked up by the Operator of this
machine. If company selects to use an Operator, at least one extension has to join the
operator group (default value)

5.4.1 Operator on This Machine

Many extensions of this machine can join an operator group. If the specified operator is
busy, the system will ring the idle extension at Operator Group from the first port
(Channel 1) upward. Therefore, pay attention to the ports when wiring extension lines.

5.4.1.1 Configure Operator Group

When the default operator is busy, the system rings the next idle extension in operator
group (from next extension upward to the end). By default, all physical extensions are
part of the Operator group. For extensions to join the Operator Group, see below.

Web Path : 2.Channel\2.1.Summary

Select the Channel with FXS Type and click its St (Status) icon.

Barring Statistics PickUp/ Ext.  VYoice  Gain
CH 5t Suffix |Type| DND  Fwd ‘e T3 “inout  Group Mo,  Mall  InfOut
1 11/0P | Fus - - 0 - 00 Vi, 10m - 00
2 ‘ 12 Fis - BiC 0 - 040 v 1012 - 00

In Status table, select to join group (Join Operator Group) or not. Default value is Yes,
and then click the Apply button.

YesiNo: ['es |
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Note: If the extension with T.38 (for FAX only) enabled had already join to Operator
Group, the system don't ring this extension when extension of operator is busy.

5.4.2 Network Operator

Network operator means the operator (personnel) is not configured at this machine and it
is configured at other VST3300 Series.

It allows an operator to be located at another VST3300 Series via IP network. When
incoming call dials the Operator, the system will search for the Operator in this machine.
If no extensions are part of Operator, the system will assume that the Operator is defined
on another machine. The system rings the Prefix/extension number of another machine
defined in the Network Operator Extension Number. (The Prefix/extension number of
should be already configured in Extension Table in advance.)

In the following example, the Operator is configured on the device with Prefix/Ext.: 81,
which is a VST3300 Series with phone No. 886-2-8226-8881, as a Network Operator.

Configuration Steps:

1. Configure FXS ports to not be part of the Operator Group:
Web Path : 2.Channel\2.1.Summary

Select the Channel with FXS Type and click its St (Status) icon

Barring Statistics PickUp/ Ext. Voice Gain

CH St Suffix |Type| DND  Fwd  “rpe T3 “inOut  Group Mo, | Mall  InfOut
1 1ior || - : 0 : 0 vV, 11 - 0
2 12 |ee]l - BO 0 : 0 vV, 2 - o

Select not to join Operator Group in Status Table, and then click Apply button. If there is
no operator for this machine, configure each FXS port not to join Operator Group.

Yesio: | Mo =

2. Input the Prefix/Ext. of network operator into the Extension Number table of this
machine. Follow Web Path: 1.System\1.2.Extension Number Input the
Prefix/Ext.=81, Phone_N0=886282268881, Type=iPBX, and then click Apply.

Frefiz-Ext .
(Max. 6 digits=)

AddModify: 81 |amE28226555 1 || iPBX ~|

Fhone Humber Twpe

3. Configure the Prefix/Ext. of the network operator to the Network Operator Extension
Number field.
Web Path : 1.System\1.2.Extension Number
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Extension Number: 51 |
Capacity: 100
Current Entry: 3

Pagel‘]_h"] Shtl'l.l'l.l'l {{l ';=-.':=-|

Prefiz/Ext. Phoene Number Type
10 0 iPBX
BROD BRR202263365 Phorie
| 1 AE282255551 iPBX ]

No matter what type (Phone/iPBX) of Prefix/Ext. is assigned to the network operator,
connection is made without dialing an extra 0 or extension number.

5.4.2.1 Backup Network Operator (Cascade Device)

Even if an operator in this machine is configured, the other machine’s network operator
is automatically seized when all operators of the original machine are busy.

When a call is coming and the Operator Code is dialed, this machine will find the
Operators of this machine for answering the call first. If the extensions in Operator Group
of this machine are busy, and another machine is assigned as backup Operator, then
system will find an available Operator from the second machine. If the second machine
has also assigned a third machine as the backup Operator, and all Operators of the first
and the second machine are all busy; then the system will find an available Operator
from the third IP-PBX. Backup network operators can be cascaded up to 16 times. A
maximum of 17 machines can be cascaded together.

FXO

VST3300 Series_|+—=—— —VSTI300 Series | & ——_ | VST3300 Series

EXS FXS FXS \‘ ‘
. Operator Group Operator

Operator Group
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Configuration:

Web path: 1.System\Telephony Tuning, Input Phone Number (Web Path :
1.System\1.1.Basic Information, My Phone Number) of other machine in Cascade
Device field. This has to be full number, Country Code + Area Code + Phone Number, or
a Community IP Phone number.

Phone Mumber: | |

Attention: Make calls between the operator extensions in different machine in advance.

5.5 Changing Extension Numbers

The default extension number of physical extension (FXS port) is 1011~1026 (extension
amount available depends on model). In 5.1 Extension Number, we know the rules of
extensions. By these rule, you can specify your own extension number.

5.5.1 Change Prefix of Extension

The default physical extension number are 1011~1026, where the default prefix of
extensions is "10"
Web Path: 1.System\1.2.Extension Number

Prefix/Ext. Phone Number Type
10 a iPEX

These values are changeable. Example: add a new Prefix/Ext.: 8. Then the extension
numbers are changed to 811~826. To do this, see the diagram below.

Frefiz-Ext .
(Hax. 6 digits)

AddiModify: 8 0 |iPBX |

Fhone Humber Twpe

(For simplicity leave the Prefix/Ext.: 10, unless there is a numbering conflict.)
Note: Setting the Phone Number as 0 means this is phone number of the machine itself.
It can sync with My Phone Number in Web Path: 1.System\1.1.Basic Information

5.5.2 Configure Dedicate Extension Number

€ Examplel

The Full number of This Machine is 886-2-82263397, configure two extensions as
below.

From Web Path: 1.System\1.2.Extension Number

Prefix/Ext.: 8888, Phone Number: 886-2-82263397-11, Type: Phone

Prefix/Ext.: 6666, Phone Number: 886-2-82263397-12, Type: Phone
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When finished,
Dial 8888, the original default extension 1011 will ring.
Dial 6666, the original default extension 1012 will ring.

¢ Example 2

The full number of Other Machine is 886-2-82263380, configure two extensions as
below.

From Web Path: 1.System\1.2.Extension Number

Prefix/Ext.: 8801, Phone Number: 886-2-82263380-11, Type: Phone

Prefix/Ext.: 6601, Phone Number: 886-2-82263380-12, Type: Phone

When finished,
Dial 8801, the original default extension 1011 at other machine will ring.
Dial 6601, the original default extension 1012 at other machine will ring.

Attention: creating a prefix or changing extension numbers will be written into a .MEM file.
This file can be backed up and/or modified in Windows Notepad. Such .MEM files can be
uploaded into a VST300 Series device (requires a restart). This can be used for
organization, management and to maintain dialing behavior.

6. Configuration of Trunk

6.1 Permission of Incoming Call Route to Trunk

VST3300 Series provides a feature that can transit a call to a trunk (FXO or SIP) port,
then route to FXS port of another machine; or to PSTN via other machine. In other words,
a transit calls is a PSTN-IP-PSTN call. This chapter will tell you how to configure the
permission of incoming PSTN calls to transit to a PSTN call.

If the transit phone number is a Community IP Phone No. or FXS extension number of
another machine, it does not have this type of limitation as it is a VoIP call with no extra
charge. If the transit call is transit to PSTN (PSTN-IP-PSTN), then a PIN Number will
limit the transit calls. Different PIN Numbers can have different permissions. See below.

B Disable : Call can not be transited to outside the IP network
B Local : Call can be transited to a local PSTN call
m  Toll : Call can be transited to a local or toll PSTN call
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B [nternational : Call can be transit to a local, toll, or international call

This is relative to the "Region ID" of the device that is called to. See the example below.

Example: User in Taipei makes a call to a VST3300 device in Taipei, phone number is
82268888. This call is transited to PSTN in Shanghai via remote VST3300 device in
Shanghai. A PIN Number for Transit Calls with privilege for international call, e.g. 2222 is
required. Follow Web Path : 1.System\1.5.PIN Number to make configurations.

FIN Humber Clas=
AddModify: (2222 || International |

A PIN Number is required for the VST3300 Series to provide this function.
The steps to place the call are:
(1) Make a PSTN call to Taipei’'s VST3300 device (82268888) from a public phone.

(2) After the greeting, dial **2222#002862164452222# (002 is the International Access
Code of Taiwan; 86 is the Country Code of PRC; 21 is the Area Code of Shanghai)

Attention:
1. Note that the user is trying to make a transit call from Taipei’'s VST3300 Series to a

public line in Shanghai; therefore this user needs the PIN Number for Transit Call
with privilege for international permission.

2. The remote device that provides routing to the PSTN needs to have configured the
Outgoing Permission Table. Follow Web Path: 1.System\1.3.0utgoing Permission
to check Outgoing Permission. Refer to 9.1.4 Add Permission of Outgoing Transit to

PSTN

6.2 Allow Incoming Calls Only (Incoming Only Trunk)

For office telephone systems, a trunk or trunks should be reserved for incoming calls
only. Users should not be allowed to seize these trunks to make calls, thus protecting
against incoming calls always receiving busy signals.

The Trunk Class of each Analog Trunk has default setting "0". All extension can seize all
Analog Trunks by default. To enable this function, change the Trunk Class ID of FXO
port(s) so incoming calls only are accepted.

1. Web Path : 2.Channel\2.1.Summary
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Select the FXO channel to be set for incoming call only and click its St (Status) icon

Error Trunk Statistics . Gain
Ch 5t Access |Type Count Fwed Class T.38 In/Out Last Humber Dialed In/Out
3 3 PSTN| O - 0 4 0i0 - 00
4 | FSTH 1] - v oma - oma

2. Configure Trunk Class as 2":Incoming Only” for example, and then Click Apply

IC: |2:Incnming Only =

3. If more then one trunks will be set as an incoming only FXO (PSTN) port, please
select the other FXO port and repeat steps 1 and 2.

/.Configuration of Abbreviated Dial

The feature of Abbreviated Dial is to provide a simple and short dialing behavior for
complex and long telephone numbers, eliminating the need to dial the full telephone
number. There are 100 entries for Abbreviated Dial. The Abbreviated Dial Index allows
every extension line to make a call by taking the phone off hook and dialing:

< "2" >+ <Abbr. Dial Index (00 ~ 99) >

Attention: When making a call by Abbreviated Dial, restrictions are overridden if the
Barring Table index is from 00-69, and will be restricted if the Barring tale index is 70-79.

0~ 9, *, and # may be used to define the Abbr. Dial Index in Abbr. Dial Table. The
number defined is the actual digits to be dialed out for making the phone call. For
example, if you need to dial "9" before the telephone number " 0921888666 " can be
made, then you should configure the telephone number in the Abbr. Dial Table as "
90921888666 ". Another example, if you would like to make an IP call **82263368#, then
you can configure the telephone number as "**82263368#" in the Abbr. Dial.

Web Path: 1.System\1.6.Abbr. Dial A Web example is provided below.

Inde= Abbr . Dial Humber
AddModify: (i || ~Ba62822633001 2# |
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8.Connect a Traditional Analog PBX

8.1 Connect FXS to PBX Analog Trunk

There are 2 and 4 wires type phone cables available. Use 2 wire type cables with a
RJ-11 jack.
¢ FXS or Phone ports of this machine can connect to phone sets or Trunk card/FXO
ports of a tradition Analog PBX only.
Example Structure

FXS/

Phone
VST PBX

PSTN | 3300 FXS/

Phone

(=9
=4[]

FXO/
Trunk

=
=

8.1.1 Configuration on VST3300 Series

8.1.1.1 DISA Configurations (Auto Attendant)

By default, the machine will answer trunk (PSTN) calls automatically and play a greeting.
If the DISA of a traditional analog PBX will be used, the DISA of VST3300 Series needs
to be disabled. Incoming calls will bypass the VST3300 device go to the first FXS
(Channel 1) and to the traditional analog PBX

Web Path : 1.System\1.1.Basic Information

PSTH Call | Disable =l ]
ITSE Call: |Ena|:|le j
P Call: |Ena|:|le j

8.1.2 Analog PBX Configuration

8.1.2.1 Test DTMF sending on PBX trunk

Before the doing the above, first test to see if the trunk of the PBX is able to send the
correct DTMF tone. Connect the PBX and phone set below to do this test.
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O
W PBX 4 PSTN

Seize trunk, and
then dial

€ Seize PBX Trunk to Send DTMF

Test to see if the PBX extension is able to send */# DTMF when seizing a trunk. If it does
not work, please contact your PBX service personnel to change the PBX’s settings.
Testing Method

Seize the PBX Trunk to PSTN by extension first. If seized okay, you will hear a dial tone.
Dial * or # to hear the tone reaction from the phone-set. If a dial tone stops immediately,
l.e., goes silent, it means that the PBX is able to send the DTMF signal correctly.

8.1.2.2 Configuration of PBX Trunk Group and Tuning of Wire

Configure the trunk group on the line connection from the VST3300 Series device and
also assign an access code of that PBX Trunk group

€4 Connection of PBX trunk port

Group PBX FXO ports that connect to two lines (or more lines, depends on ports
available) of VST3300 Series. Specify trunk group access code, such as "8" to this trunk
group. When "8" of phone set is dialed, dial tone form VST3300 Series is heard. User
then can make IP call or seize trunk (PSTN) to make call.

FXS/
Phone
3300 ABX I
PSTN ( FXS/
Phone
FXO/ Y -
Trunk \ L
Group Trunk and
set access code
such as 8

8.1.2.3 Busy Tone Detection

Busy tone detection is for line termination when conversation is finished and it only
applies to FXO Trunk only. For FXS port, it use loop current detection and there is no
Busy Tone Detection issue.
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F?‘(S/
p
VST3 |© APEX ]
— 1300 /()P 1]
PSTN FXS/
Phone -
FXO/ =
Trunk ﬁlll

Busy Tone Detection

€ Busy Tone Detection of VST3300 Series

VST3300 Series had built-in busy tone detection system of PSTN for many countries.
With a correct Region ID configured, the system can correctly detect a busy tone.

To see the current Region ID setting, please refer to

Web Path : 1.System\1.1.Basic Information

Fegion D 0 Talwan)

To change Region ID, use Console or Telnet. Do a Factory Reset when it is done. Please
refer to Quick Installation Guide, section 5.2 Configuration of Telecom Region ID and
also refer to its Region ID table.

If the location of this machine is not listed in the table, you can refer to
http://www.itu.int/ITU-T/inr/forms/files/tones-0203.pdf, “Various Tones Used in National
Networks" to find a busy tone specification of the location (country) and configure the
Region ID of the device so it can be used in an area with similar busy tone specifications.

For example, configure Macao’s Region ID to France or Germany, since their busy tone
is similar to Macao’s.

€ Busy Tone Detection of PBX

The VST3300 Series sends a busy tone determined on the specification from the
selected Region ID, so configure the busy tone detection of PBX to be the same country
as VST3300 Series.

8.2 Connect FXO to PBX Analog Line

There are 2 and 4 wire type phone cable available. The 2 wire type cable is OK, It uses a
RJ-11 jack. Note:
¢ FXO or Line ports of this device can connect to PSTN from telecom company or
Line card/FXS port of tradition Analog PBX only.
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Example Structure

FXO/

PBX L‘”e‘/> Yo I

ine/ S/
PSTN Lie /Z e
/ U

Largest port
number first

Note: By default, trunk (FXO) ports with the highest number will be seized by extension
first. Connect the FXO/Line ports of VST3300 Series from the highest number downward.
For the example, in the 16 port model, connect it by the sequence 16—>15—->14—13

Attention: Misconnecting the FXS/phone ports of this device to a PSTN trunk for a
Telecom Company of Line Card of an analog PBX will cause damage to the device,
Telecom company and analog PBX.

8.2.1 VST3300 Series Configurations

8.2.1.1 Configuration of PBX Trunk Access Code

By default, incoming trunk (PSTN) calls are answered by DISA that will play a greeting. If
FXO port(s) of VST3300 Series are connected to extension lines of a PBX, the PBX Co
Line Access Code must be defined. When the VST3300 Series makes an Outgoing
transit call, users need not know that the VST3300 device is connected behind a PBX
and he can dial a PSTN phone number directly. An access code should be configured
here to seize the real PSTN Trunk and then make a PSTN call.

Web Path: 4.Dialing Plan

Trunk Access Code: | |

In the example above, "9" means PSTN trunk access code of analog PBX and "P"
means pause 1 second. If the speed that PBX seize trunk is a little slower, "P" can be
repeated, such as 9PP

Note: If the FXO port is seized by a remote extension, the dial tone heard by the
extension is sent from the PBX. This procedure will not pass the PBX to get a dial tone
from a Telecom Company.
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8.2.1.2 Gain Control

Calls to the PSTN or an extension of another VST3300, must go through PBX and the
VST3300. So adjust Line/Trunk volume (Gain) of PBX and VST3300 Series as required
if necessary. The tuning of volume (Gain) is important for DTMF sending.

In normal conditions, tune volume (Gain) is not required for both the PBX and VST3300
when connected together. If the volume (Gain) is too large or too small, simply adjust it.

€ Tune volume (Gain) of VST3300 Series
Web Path : 2.Channel\2.1.Summary

Select the PSTN (FXO) Channel that is connected to PBX and click its St (Status) icon.

Error Fwd Trunk T.38 Statistics

Ch St  Access |Type Count w Class . In/Out Last Humber Dialed
3 g |PsTH| O . 0 v 00
4 5 psTH| O : 0 v 0/0

In the Voice section of the Status table

Input Gain: ||:| *IdB
Qutput Gain: |EI 'IdB

Silence Suppression: | Disable ~|

Input Gain and Output Gain can be adjusted individually.
8.2.1.3 Busy Tone Detection

Busy tone detection is for line termination when conversation is finished. This only
applies to FXO Trunks only. For FXS ports, loop current detection is used and there is no
Busy Tone Detection issue.

FXO/
Line A VST L]
PBX 3300 IEEEE
PSTN Line/ EXS/ O
o | FXS ~ Phone ﬁm
EQ
L

Busy Tone Detection

€ Busy Tone Detection of VST3300 Series
The busy tone that is sent from PBX should be the same as local telecom specifications.
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If the PBX specification is the same as local telecom’s, configure the Region ID, see the
Quick Installation Guide Section 5.2. The VST3300 can then correctly detect busy tone.
However, the PBX busy tone specification may be defined by its manufacture individually,
and not by the specification of a country. Special busy tone specifications can be
configured by yourself.

Web Path : 1.System\1.8 Telephony Tuning

Frequency (300~ 3000Hz); fl:)480  |f2B20 |
Cadence (100~5000ms); onjs00  |offjso0 |

Tune it to have the same busy tone specifications of the PBX

8.2.2 Busy Tone Detection of PBX

8.2.2.1 Test DTMF Sending Between PBX Extension

Before the construction of the example above, check DTMF sending (including */#)
between PBX extensions. Connect the PBX and phone set shown as below first.

PBX

v
L O

A

Testing Method

A that is under PBX makes call to B and B answers the call. Then A dial */# from phone
set. If B can hear the DTMF Du tone which A dialed, then it means the PBX can send the
DTMF correctly. If not correct, then some function will not be workable.

8.2.2.2 Configuration of PBX Line Group and Wiring

For a Group of PBX FXS ports that are connected to the VST3300, specify a line group
access code, such as "6". When digit "6" from an extension or PSTN is dialed, a DISA
greeting from the VST3300 or a second dial tone is heard. IP Calls can be dialed now.
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- b Line/ Fas O
PSTIN ‘\FX‘S Fhone EEI
EEI
H

Group Line, set an
access code such az @

9. Working with Other VST3300 Products

9.1 Stacking/Networking Configuration

Here is the definition of Stacking/Networking:

¢ Stacking: Means more than one machines stack together in one single location.
Stacking can increase available port (Channel)

+ Networking: Means devices are used in different place and connected with Internet.
Networking can expand useable location

VST3300 Series uses fully distributed architecture and offers a variety of devices
(2/4/8/16 models) for stacking/networking and expansion purposes.

Although intended for stacking/network environments, when starting, finish the
installation and configuration of a single device first. Refer to Quick Installation Guide.
When finished, follow the section below to configure for stacking/networking.

9.1.1 Configure Different Port Numbers When Stacking

For devices using public IP (Internet), simultaneous port use (2000, 5060, 10000) is
okay without adjustment to port number. However, VST3300 devices stacked
together under NAT (Router, Firewall) require different Signaling Port Numbers.

On the NAT (Router, Firewall) side, it is required to open Server Port for NAT penetration.
Refer to Quick Installation Guide section 6.2 Open Server Port to Penetrate NAT

On the VST3300 Series side:

The default port number is 2000. If another device is using 2000, then this machine has
to change.

See the following configuration example:
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Call Control |SIP Message |RTP Base
VST3300 1 2000 5060 10000
VST3300 2 2010 5070 11000
VST3300 3 2020 5080 12000
And so on...

Web Path : 1.System\1.1.Basic Information

PBX Signaling: 2000 |
SIP Signaling: 5060 |
Woice: 10000 |
1. Follow Web Path: 1.System\1.1.Basic Information
2. Input 2010 (or other value) in PBX Signaling field of UDP Port Setting
3. Click [Apply])
4. Repeat steps 1 - 3 as necessary for other stacking/networking VST3300 devices.
5. Warm Restart is required to apply the changes.

9.1.2 Add Prefix / Extension Number

When machines are stacked/networked, information of other VST3300 Series needs to
be inputted into Prefix/Ext. The extension numbers of this machine and other machines
or the Prefix Extension Numbers of this machine or other machines should be
entered/defined into Extension Number table. The device already has default data for
this machine when shipped.

Web Path: 1.System \1.2.Extension Number

Example: Prefix/Ext. [10])] - Phone Number [ My Phone No. Full No.]) -~ Type [iPBX]

Prefix/Ext. Phone Number Type
10 0 iIFE*

Means the extension number of this machine is 10xx, the physical extension numbers
that connect to phone set are 1011~1026 (amount of extension numbers depends on
models and modules)

For machines that are used in stacking/networking, only one device can retain Prefix/Ext.
10. Others should be different to avoid conflict. All devices have same default values
saved upon shipping.

€ The example of stacking:

Prefix/Ext. [10] - Phone Number [886282263368] - Type [iPBX] (Ext. 10xx)
Prefix/Ext. [20] - Phone Number [886282263369] - Type [iPBX] (Ext. 20xx)
Prefix/Ext. [30] - Phone Number [886282263370] - Type [iPBX] (Ext. 30xx)
...and so on
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€ The configuration below is example of networking:

Input Data Description
Prefix/Ext. [10] - Phone Number [886282263368] - Type|VST3318 at Taipei,
[iPBX] Extensions are 10xx
Prefix/Ext. [20] -~ Phone Number [862177453276] - Type|VST3318 at Shanghai,
[iPBX] Extensions are 20xx
Prefix/Ext. [30]) - Phone Number [85299673356] - Type |VST3318 at Hong
[iPBX] Kong, Extensions are

30xx

...and so on ...and so on

Web Path : 1.System \1.2.Extension Number

1. Click Web Path on left side [1.System \1.2.Extension Number] -
2. Input Prefix of extension of other machine into [ Prefix/Ext. ] field, such as 20. Then

extensions of other machine are 20xx
3. Input the phone number that comes from [ My Phone Number]) (Web Path :

1.System\1.1.Basic Information) of other machine, into the [ Phone Number] field.
This phone number has to be full number (Country Code+ Area Code + Phone
Number)

Select iPBX in [Type] field

Click [Apply]-

6. Repeat the steps above if there are more machines to be stacked/networked

S

9.1.3 Input Information of Other Machine into Phonebook

The machines for stacking/networking have to input others' information into the
Phonebook of own machine. Assumes there is 3 sets of VST3300 Series devices.

Machine ID Info of other machine that should
added into Phonebook of this
machine

1% set 2" set, 3" set

2" set 1% set, 3" set

3" set 1% set, 2" set

...and so on

€ The example of stacking:

Below is information for the 3 sets. In most of case, they use fixed Private IP of LAN
when they are stacking together.

1% set : Phone Number [886282263368] - IP/Port [10.13.6.107/2000)

2"% set : Phone Number [886282263369] - IP/Port [10.13.6.15/2001]
3" set : Phone Number [886282263370]) - IP/Port [10.13.6.34/2002)
...and so on

Input the others’ information into each machine according to the table above.
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€ The example of networking:

Below is information for 3 sets. In most of case, they use fixed Public IP of Internet when
they are networking together.

1% set : Phone Number [886282263368) - IP/Port [61.222.217.39/2000] (at Taipei)
2" set : Phone Number [862177453276] - IP/Port [ 61.220.219.84/2000] (at Shanghai)
3" set : Phone Number [85299673356] - IP/Port [ 203.204.89.38/2000] (at Hong Kong)

...and so on

Input the others’ information into each machine according to the table above.

According to the service of different ISP, PPPOE can be used on Router. If the Router
that connect to this machine use dynamic IP (PPPoE), then input IP/Port information
0.0.0.0/0 of other machine into the Phonebook of this machine and do auto-learning of
Phone Book procedure. Please refer to next section 9.1.3.1 Sync of Phonebook IP or
contact with distributor.

Example:

1% set : Phone Number [886282263368] - use dynamic IP (PPPOE) (at Taipei)

2" set : Phone Number [862177453276] - use dynamic IP (PPPOE) (at Shanghai)

3" set : Phone Number [85299673356] - IP/Port [ 203.204.89.38/2000] (at Hong Kong)

Machine|Phone Book |Information of other machine that need to add into
ID info that |Phonebook
need to
learn from

1%'set 2" set Input Phone Number [862177453276] - IP/Port [0.0.0.0/0]
in PHONEBOOK field, and do auto-learning: 1% set dial to 2"
set, then 2" set dial to 1% set

3 set Input Phone Number [85299673356] - IP/Port
[203.204.89.38/2000] in PHONEBOOK field, and do
auto-learning: 1% set dial to 3" set

29 set |15 set Input Phone Number [886282263368] ~ IP/Port [0.0.0.0/0]
in PHONEBOOK field, and do auto-learning: 2" set dial to 1%
set, then 1% set dial to 2" set

39 set Input Phone Number [85299673356] - IP/Port
[203.204.89.38/2000]) in PHONEBOOK field, and do
auto-learning: 2" set dial to 3" set

39set [1% set Input Phone Number [886282263369] - IP/Port [0.0.0.0/0]
in PHONEBOOK field, and do auto-learning: 3™ set dial to 1%
set, then 1% set dial to 3" set

2" set Input Phone Number [862177453276] ~ IP/Port [0.0.0.0/0]
in PHONEBOOK field, and do auto-learning: 3" set dial to 2"
set

Web Path : 6.Phonebook\
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3.
4.
5.

Click Web Path on left side [6.Phonebook\] -

Input phone number that come from [ My Phone Number] (Web Path :
1.System\1.1.Basic Information) of other machine, into the [ Phone Number] field.
This phone number has to be full number (Country Code+ Area Code + Phone
Number)

Input IP and Port Number of other machine to [IP Address]) and [Port] fields

Click [Apply])-
Repeat the steps above if there are more machines have to be stacked/networked

9.1.3.1 Sync of Phonebook IP

The IP address of Phonebook can be learned by making Community IP Phone call. (If fix
IP is not used, do learning again every time IP address is changed). The Community call
IP number can be found on the bottom label of the device. Be sure that the status is OK

befo

Diali
The

re making call. (The LED of NTP and CMNT SRVR is ON)

MODEL NAME:
_——i.—_——
prooucT s/N: ||| INA0A OB G
TP350481B0423000006 8

mac ADDRESS: | | NN
000362302737

P PHONE NO: | LI N
+28-6-201-1006 —~~=———

Input Rating: 5V/1.5A DC__ 12V /0.5ADC— IP Phone Number
(s 3502C635 | of this machine

This unit complies with Part 15 & 68 of FCC Rules.

FCC REG.NO.:US:VTLMFO6BPF3504

REN: 0.6B

USOC JACK: RJ11C

Operation is subject to following two conditions:

(1)This device may not cause harmful interference

(2)This device must accept any interference
received including interference that may cause
undesired operation.

Region: Taiwan

MADE IN TAIWAN 2R480RAS

ng Method:
number structure and dialing method of Community IP calls are the same as

traditional telecom calls.

Find
num
[

the Community IP Phone number to be dialed and compare it with your own
ber:

If the country code and area code are the same, you only need to dial **+office
code+ subscriber number+#

If the country code is the same, but area code is different, you need to dial
**+long distance access code+area code +office code+ subscriber number+#
If the country code is different, you need to dial **+International access
code+country code+area code +office code+ subscriber number+#

Example: (Assume Long Distance access code is "0" and International Access code is
002.)
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Calling side IP Phone number| Called side IP Phone number Dialing Method
28-6-201-1000 28-6-201-7799  **201 7799 #
28-6-201-1000 28-7-200-6600 **07 200 6600 #
28-6-201-1000 18-7-8226-3368 [**002 187 8226 3368 #

If the number you dial is not busy (a second dial tone or instruction greeting is heard),
and then auto-learning of phone book is done.

9.1.4 Add Permission of Outgoing Transit to PSTN

The same as a traditional analog PBX, extensions can seize a trunk to make PSTN calls
if this machine or other VST3300 Series is connected to PSTN trunk. By default, the
extension of this machine can seize the PSTN trunk of this machine to make PSTN calls.
If you input the information of the other machine into this machine, then the other
machine can make PSTN calls via this machine. PSTN calls are not free, so configure
permission to avoid extra charges. Do not input the information of other machine into this
machine if you don't want that device to make call via this machine.

In the previous section, after the other machine has inputted the information of this
machine into its Phone Book. This machine can list info of other machine in Selection
List. Then this machine can tick the machine that can make PSTN call via this machine.

Web Path : 1.System\1.3.0utgoing Permission

Apply | Cancel

Outgoing Permission
(=Tat=Talli¥d Fi

C Select other machines that will make
trunk calls via this machine

MAC Address, Phone Number and Route
Type of the machine itself (default)

Selection List. . are

MAC Address Phone Numb Attempts  Duration Route Typ
00-03-62-80-77-90+ 236218419216 oooo oooa Toll

MAC Address Phone Humber Route Tvpe
AddMadify | I [Cocal =]
Delete: | |
Delete Al | No |
Key In MAC: | | Search |

Selection List
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; Cntgoing Premizsion Selection Lis

=10l x|

=]

Selection List

List the devices available for

ey & Outgoing calls, tick v/
Current Entry: 0
Page[1 |/1 Shnw' =:=:| :=-:=~|
[T MAC Address  Phone Number IP Address Port ]
Route Type
Add Selected: [ Local -] Add | ]

Delete All Delete
Filter Phone Number: | |_Filter {1 Click Add when

selection is done

€] FERk O [

Example of Configuration

€ The example of stacking:

MAC Address[00-03-62-80-25-37 ) Phone Number[ 886282263368 ]-
MAC Address[00-03-62-80-25-48 ) Phone Number[ 886282263369 ]-
MAC Address[00-03-62-80-25-56 ] Phone Number[886282263370]-

€ The example of networking:
VST3318 at Taipei and Shanghai:
MAC Address[00-03-62-80-25-37 ) Phone Number[ 886282263368 )~

MAC Address[00-03-62-80-25-48 )~ Phone Number[ 862177453276 )~
MAC Address [ 00-03-62-80-25-56 ] - Phone Number [ 85299673356 ] »
VST3318 at Hong Kong:

Route Type[ Toll}
Route Type[ Toll}
Route Type[ Toll}

Route Type[ Toll})
Route Type[Toll}
Route Type [Toll]

MAC Address[ 00-03-62-80-25-37 ) Phone Number[ 886282263368 )- Route Type[ Local ]
MAC Address[ 00-03-62-80-25-48 ) Phone Number[ 862177453276 )- Route Type[ Local]
MAC Address[ 00-03-62-80-25-56 ] Phone Number[ 85299673356 ]~ Route Type[ Local]

If you don't want to use Selection List, you can also input it manually
Web Path : 1.System\1.3.0utgoing Permission
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Outgoing Permission

Capacity: ot
Current Entry: 1

Selection List...

MAC Address
00-03-62-80-77-90+

Phene Number
BeE218419216

Apply Cancel |

N———

Pagel'l_lj’] Shﬂwl {qil >>|

Attempts Duration Route Type

oooo Tall

MAC Address Fhone Humber

Foute Tvype

||Ln|:al j

AddModify: | H_\
Delete: | | \

Delete All | Mo =

Input MAC Address, Phone Number

and Route Type manually.

Key In MAC: | | Search |

1. Input MAC address of other device. The MAC can be found on the bottom label of the

device. It is 00-03-62-80-27-37 in the figure below.

MODEL NAME:
prooucT s/N: | NN AR
TP35048 180423000006 8

mac ADDRESS: ||| i1 AIMININ
0003623 7

0273

1P PHONE NO: [ 1NN AvbIN
+28-8-201 -1006
Input Rating: 5V / 1.5A DC__ 12V / 0.5A DC

[t 35020635 |
This unit complies with Part 15 & 68 of FCC Rules.

FCC REG.NO.:US:VTLMF06BPF3504

REN: 0.6B

USOC JACK: RJ11C

Operation is subject to following two conditions:

(1)This device may not cause harmful interference

(2)This device must accept any interference
received including interference that may cause
undesired operation.

Region: Taiwan

MADE IN TAIWAN BR4EARBS

MAC Address of
this machine

2. Input the phone number that came from [ My Phone Number]) (Web Path :
1.System\1.1.Basic Information) of other machine, into the[ Phone Number Jfield. This

phone number has to be full number (Country Code+ Area Code + Phone Number),

such as 886282263368

3. Select Route Type as Toll (For areas like Hong Kong, with no long distance calls,
select Local). Toll means local and long distance calls are usable. Local means only

local calls are usable.
4. Click [Apply]

5. Repeat the steps above if there are more machines to be stacked/networked.

43



Powered by Accton Operation Manual

10. Connecting a FAX Machine

There is no special connection for a Fax machine. Connect a physical extension port
(FXS) to a FAX machine directly. FXS ports are originally intended for analog phone sets

PSTIN

FXO

WET3300
Fis

Ol qg] |
Bl Em FAX

Each physical FXO port has the ability to receive FAX with no configuration required.
Each physical FXS port can be configured to have T.38 FAX function. Ports that with the
FAX function not activated can not receive or send a FAX.

Note: If the FAX function is activated for a certain FXS extension, that extension can not
be pick up by other extension.

Web Path : 2.Channel\2.1.Summary

Select channel of Type FXS.

Ch St suffix Type OND  Fwd Cepld [rasl SIS SN Noo  Mail  imu
1 11/0P*  FxXs - : 0 : oM v ;1 1011 : 0/
2 12/0P  FXS - : 0 : oM vV 02 - 0/
Ch St Access Type oo Fwd  gomk | pagf SIAUSUS ) og Number Dialed O
3 3  PSTN O . 0 v 00 - 0/
4 g  PSTN O . 0 v 0/ - 0/0

Click St (Status) icon. In Status table, select FAX in Connect Device Type and click Apply.
VST3300 Series uses T.38 protocol to send a FAX in an IP network.

Type: |Fax =

The T.38 FAX status of each port can be seen in Summary table of all ports.
Web Path : 2.Channel\2.1.Summary
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)
Barring Statistics PickUp/ Ext. Voice  Gain
Ch St Suffix  Type DND  Fwd ool | 78] “iwouwt  Group Mo, | Mail  IniOut
1 11/0P*  FXS 0 0/ v 1om 0/
2 12/0P  FXS 0 00 vV, 1012 00
3 13 FxS 0 v 0/ v,y 1013 0/
4 14 FXS 0 - 0/ V1 1014 01

11. DISA System Greeting (Auto Attendant)

The default greeting of the VST3300 Series is English. For other languages, recording of
greetings can be done by yourself.
No special tools are required and any extension line can record the messages. There are
in total, 8 greetings with one minute maximum for each.

Example:

Type of
Greetings

Description of Greetings

Example of Messages

Greeting (1)

The Greetings for office hour

Good day, this is XX XXX, please dial
an extension number or O for Operator

Greeting (2)

The message when line is busy

Line is busy, please dial another
extension number or O for operator

Greeting (3)

The message when the number is
wrong or can not be recognized

The number you dialed can not be
recognized, please dial again

Greeting (4)

The message for waiting, the call
is transferring

Thank you, please wait a moment

Greeting (5)

The greetings for company off
duty or holiday

This is off duty time, please dial the
extension number directly or call again
during office hours

Greeting (6)

The message for no answer

There is no answer, please dial another
extension number or O for Operator

Greeting (7)

The message for unable to answer
the call, may be network problem
or line problem

unable to answer, please dial another
extension number or O for operator

Greeting (8)

When another IP-PBX activates
Consult Transfer. The call side of
this machine will hear this greeting
section

Default is music. Change is not
required. However, if desired it can
record as: " Please wait a moment, the
extension you dialed is making a
consult transfer "

If the extension line is assigned as Operator, this line can activate the greetings for office
hours and the greetings for off duty time.
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(1) To activate the greetings for office hour, take the phone set off hook, dial *0,

then O071#

(2) To activate the greetings for off duty time, take the phone set off hook, dial *0,

then O0O70#

If the extension line is not assigned as Operator, this line should enter management

mode to activate the greetings for office hours and off duty time.

(1) To activate the greetings for office hour, take the phone set off hook,

dial *0 , dial 09 9999# to enter the management mode, then dial 071#

(2) To activate the greetings for off duty hour, take the phone set off hook,

dial *0 , dial 09 9999# to enter the management mode, then dial 070#

11.1 Record System Greeting

(1) Entering the Management Mode

Take the phone set off hook, when you hear the dial tone, dial *0, - then 09 9999# to

enter the management mode - you will hear the tone of “DuDu.....

(2) Recording the 1 section
Dial 991 - * - start to record >

(3) Storing the 1% section

Dial 9# - hear the tone of “DuDu..

(4) Recording the 2" section
Dial 99 2 - * - start to record >

(5) Storing the 2" section

Dial 9# - hear the tone of “DuDu..

(6) Recording the 3" section
Dial 99 3 - * - start to record 2>

(7) Storing the 3" section

Dial 9# - hear the tone of “DuDu..

# (end the record)

S #

# (end the record)

S #

# (end the record)

S #
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(8) Recording the 4™ section
Dial 99 4 - * - start to record >

(9) 9 Storing the 4™ section

Dial 9# - hear the tone of “DuDu..

(10) Recording the 5™ section
Dial 995 - * - start to record >

(11) Storing the 5™ section

Dial 9# - hear the tone of “DuDu..

(12) Recording the 6™ section
Dial 99 6 - * - start to record >

(13) Storing the 6™ section

Dial 9# - hear the tone of “DuDu..

(14) Recording the 7™ section
Dial 997 - * - start to record >

(15) Storing the 7™ section

Dial 9# - hear the tone of “DuDu..

(16) Recording the 8" section
Dial 99 8 - * - start to record >

(17) Storing the 8™ section

Dial 9# - hear the tone of “DuDu..

# (end the record)

S H

# (end the record)

S H

# (end the record)

S H

# (end the record)

S H

# (end the record)

S H

Attention: Don'’t forget to dial “#” to end the last recording, then start the next section.

11.2 Listening to the Recorded Greetings

(1) Enter management mode
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Take the phone set off hook, when you hear the dial tone, dial *0, - then 09 9999# to
enter the management mode - you will hear the tone of “DuDu.....

(2) Listening the 1% message : Dial 961 - To stop, just dial #
(3) Listening the 2" message : Dial 962 - To stop, just dial #
(4) Listening the 3" message : Dial 963 - To stop, just dial #
(5) Listening the 4™ message : Dial 964 > To stop, just dial #
(6) Listening the 5™ message : Dial 965 - To stop, just dial #

(7) Listening the 6™ message : Dial 966 - To stop, just dial #
(8) Listening the 7" message : Dial 967 > To stop, just dial #
(9) Listening the 8" message : Dial 968 - To stop, just dial #

If you have more VST3300 devices or related products that use system greeting that
don't have FXS port, you can download the recorded greeting files. These files
are .GT1~GT8 and can be uploaded by WEB or FTP. No additional recording is required.

To download/upload files to a PC or VST3300, refer to chapter 17 Firmware Update and
Backup

12. Work with Voice Mail Product

VST3300 Series can work with other brand’s analog Voice Mail Product (Voice Mail will
be abbreviated as "VM"). The function of VM includes Voice Mail Box, Retrieve (Listen)
Voice Mail. After proper configuration, VST3300 Series not only has complete original
features, but also has VM functions. (VM function depends on brand and model).

Suitable Hardware and Software

B One unit of (or several units for cascade) VST3300 Series

M Voice Mail product able to work with commercial PBX

Hardware Connection

Reserve a FXS port of the VST3300 device to connect with the line of VM.
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VST3306 (2)

VST3306 (1) /
FXS

Line

Voice Malil

VST3306 (4)

VST3306 (3)

12.1 Basic Configuration of VM and VST3300 Series
12.1.1 Configuration on VST3300 Series

B Enable a VM connection on an FXS port of VST3300 device
Web Path : 2.Channel\2.1.Summary

Select the Channel with Type FXS and click its St (Status) icon.

Barring Statistics PickUp/ Ext.  VYoice  Gain
CH 5t Suffix |Type| DND  Fwd ‘e T3 “inout  Group Mo,  Mall  InfOut
1 11/0P | Fus - - 0 - 00 Vi, 10m - 00
2 ‘ 12 Fis - BiC 0 - 040 v 1012 - 00

Select Voice Mail in Status table

Type: | voice Mail -

B Configure this FXS port to join the operator group in Join Operator Group table.

YesiMo: |ves |

B Disable DISA of the VST3300 and incoming call is answered by the DISA of VM.
The DISA of VST3300 can deal with different kinds of incoming call, so disable only
the incoming call type that is answered by DISA of VM

Web Path: 1.System /1.1.Basic Information
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PSTN Call | Disable |
ITSF Call: |Enable -
P Call: | Enable -

B Configure the Flash Time of both the VST3300 and VM to be the same value. For
example, 200ms

Web Path : 1.System\1.8.Telephony Tuning

Flash Time: [200 =] msec.

12.1.2 Configuration on VM

Dial into the Voice Mail product from FXS port of VST3300 Series and configure
Password, Enter code...etc. Don’t forget to save its configuration

Record the VM greeting. It may include a general greeting, International
language greeting, holiday greeting...etc.

Configure extension numbers. Some VMs may be able to group extension
numbers. If so, extension numbers should be the same as the VST3300’s. The
default extension numbers of the VST3300 is 1011~1026, but can also be
customized in the Extension Number Table. Since the VST3300DISA is disabled,
call transit is processed by VM, so mailbox is setup according to extensions

Configure ring back tone times. Configure how many rings before the VM DISA
answers an incoming call.

Configure the longest numbers of the extension. Please configure it according to
the current VST3300’s extension number. If extension numbers were created by
VST3300 Extension Number Table, the longest length is 6 digits.

Configure call transit action. When the DISA of VM answers the incoming call, it
will play the greeting, prompt calling side to dial an extension number. These
actions pass through the VST3300. So the call transit action needs to setup to
work with the VST3300. For call transit, please setup it as below.

"Flash + Pause + Extension No. + 4 times of Pause"

There are different VM brands and models, so configure according to real
conditions. For configuration of Dial Ending Time, please refer to Web Path
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1.System\1.8.Telephony Tuning

B Configure the extensions of main operator. Configure the VM’s main operator to
the operator's extension line of the VST3300 Series device.

B Configure the assistant operator. When the extension line of the main operator
is busy, the call is transited to an assistant operator.

B Configure Operator Access Code for the Calling side to reach the operator.

B Configure transit greeting as "system transit greeting"” or "personal transit
greeting”

Operation Work Flow

1. VST3300 (2) accepts incoming calls from VST3300 (1) or PSTN. Since the DISA
of VST3300 (2) is disabled, the call is answered by the DISA of VM

2. VM prompts calling side to dial extension number.
3. Calling side dials extension 3113

4. VM plays greeting "Please wait. Transferring call to 3113" and then sends
"Flash + Pause + Extension No. + 4 times of Pause" to VST3300 (2)

5. VST3300 (2) transits the call to 3113. Extension 3113 of VST3300 (3) is ringing.

6. Called side, extension 3113 of VST3300 (3) answers the phone. VM releases
the line, VST3300 (1) and VST3300 (3) route is built directly.

1. Dial 8226-3368
VST3300 (1 > VST3300 (2
@ 2. Please dial ext. @
8226-1100 3. Dial 3113 8226-3368
or PSTN IP/Trunk DISA
4. Please wait. Transferring call... disabled
A
5. Transit to 3113 |7 EXS
VM
6. Answer
v
—»| VST3300 (3), Prefix: 31
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12.2 Message Configuration of VM and VST3300 Series

12.2.1 Use Call Forward Function of VST3300 Series to Connect VM
12.2.1.1 Configuration on VST3300 Series

B Configure the Prefix, Suffix of VM in VST3300 (2)

The design of Prefix and Suffix is for numbers using VM. Generally speaking, it needs to
dial certain numbers as below to VM to activate voice mailbox.

Prefix + Extension Number (that use mailbox function) + Suffix

For example: *3122#
Different VM have different Prefixes, Suffixes or may not have Prefix, Suffix codes. If

there is no such code, please leave it blank. Configure it for real conditions.

Web Path: 1.System\1.8.Telephony Tuning

Message Waiting On; | |
Message Waiting Off: | |
WM Prefix | |

| |

W S Ui

B Configure Call forward of VST3300 (3)
Configure related FXS port of VST3300 (3) to Forward To "VM connected VST3300
(2)" when the line is busy or no answer (Busy/No Answer function).

Web Path: 2.Channel\2.1.Summary

Select Channel with Analog FXS type or SIP Line and click its St (Status) icon.

Barring Statistics PickUp/ Ext. Voice Gain

EEl sl | | | DLl g R e | g | e | el |
1 1iopr | res| - : 0 : 0 vV, 101 - 01
2@ = |/s) - B 0 : 0D vV, 1012 - 01
o s s M0 oo e T S AW S e
5 7 Set - : 0 : 0 V ;5 1027 Christinel027
8 B = Se - : 0 : 0 V ;5 1028 Edward1028
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Configure Call Forward in Status table

Control; |Busy/Mao Answer =]
Fonward To: (866215400610 |
Mobile Nurmber: | |

The default setting for VST3300 (3) is No answer, and sends greeting after 25
seconds. When the DISA of VST3300 (2) is enabled, the DISA will answer the
incoming call with instruction greeting if the incoming call is not answered by called
person in 25 seconds. If Busy/No Answer Forward is configured on the extension of
VST3300 (3), then the incoming call is transferred to VST3300 (2) that will connect
to VM in 20 seconds if no one answers the call.

Note: No Answer, send greeting (default is 20 seconds) minus 5 seconds is the Busy/No
Answer Forward time

12.2.1.2 Configuration on VM

Configure the extension number according to the section above Basic Configuration
of VM and VST3300 Series

Configure the password for extension line to retrieve Voice Mailbox.
Configure the Voice Mail access code for incoming call. (For example: *)

Configure Delete Mailbox, Maximum No. of Messages, Delete Message, Maximum
Message Time, Min. Message Time...and other settings.

Operation Work Flow

1. VST3300 (2) accepts the incoming call from VST3300 (1) or PSTN. The DISA of
VST3300 (2) is disabled, so the call is answered by the DISA of VM

2. VM prompts calling side to dial extension number.
3. Calling side dial 3113 extension. VM gets extension 3113 via VST3300 (2)

4. VM plays greeting "Please wait. Transferring call to 3113" and then sends "Flash
+ Pause + Extension No. + 4 times of Pause" to VST3300 (2)

5. VST3300 (2) transits the call to 3113. Extension 3113 of VST3300 (3) is rings.

6. Called side, extension 3113 of VST3300 (3) is busy or doesn’'t answer, so the call
is forwarded to VST3300 (2) and then enters the VM.
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7. VM plays the mailbox system greeting "You've reached extension 3113, leave a
message". Calling side starts to leave a voice message.

1. Dial 8226-3368

VST3300 (1) > VST3300 (2)
P 2. Please dial ext.

8226-1100 ;
3. Dial 3113 | 1840-0610
or PSTN __ 4. Please wait. Transferring call... IP/Trunk DISA
disable
_7.You’ve reached 3113, leave a...
5. Transit to 3113 FXS
VM

VST3300 (3), Prefix: 31

6. No answer forward
3113 no answer/busy forwardsto  timeout
82263368 FXS port

12.2.2 Use VM Function of VST3300 Series and Busy Tone / Ring
Back Detection Function of VM

Configuration on VST3300 Series

Setting is the same as the configuration of VST3300 Series in last section 12.2.1 Use
Call Forward Function of VST3300 Series to Connect VM

Configuration on VM

B Setting is the same as the configuration of VM in last section 12.2.1 Use Call
Forward Function of VST3300 Series to Connect VM

B Enable detective mode of VM. The tone types for VM monitoring include:

- Ring back tone detective times

- Ring back tone cadence

- Monitor action (Enable, Disable ring back tone detective mode)
- Busy tone detective times

- Busy tone cadence

- Monitor action (Enable, Disable busy tone detective mode)

B Use system greeting to prompt calling side to leave a message

- Disable mailbox personal greeting and enable mailbox system greeting
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- Configure monitor action or cadence/times of tone that VM is going to monitor. In
this example, we configure No Answer Forward time of VST3300 (3) to be larger
than VM ring back/busy tone detective time. In this situation, VM ring back/busy
tone detective time times out before No Answer Forward time, so VM retrieves
the incoming call and plays system greeting to prompt caller to leave a message.

B Use mailbox personal greeting to prompt caller to leave a message

- Enable mailbox personal greeting and disable mailbox system greeting

- Configure No Answer Forward time of VST3300 (3) to be smaller than VM ring

back/busy tone detective time. In this situation, No Answer Forward time of

VST3300 (3) times out before VM ring back/busy tone detective time; so incoming
call is forwarded to FXS port of VST3300 (2) and then enters VM. VM identifies

the caller and plays mailbox personal greeting prompting caller to leave a

message.

VST3300 (1)
8226-1100

or PSTN

1. Dial 8226-3368

2. Please dial ext.

A

3. Dial 3113

g

4, Please wait. Transferring call...

<
<

7. No ans. for that ext. Pls. press * to

leave msa. or dial other ext.

5. Transit to 3113

3113 no answer/busy forwards to
82263368 FXS port

VST3300 (3), Prefix: 31

VST3300 (2)
8226-3368

IP/Trunk DISA
disable

FXS

VM

6. Ring back/busy tone

No answer forward time > VM ring back/busy tone detective time

12.3 Retrieve (listen) Message / New Message Notification
Related Configuration

When there is new message for an extension, VST3300 Series will signal this by
changing the user of that extension’s dial tone.

Most VM provide a new message prompt (light) function, however, most phone-sets do
not have a message prompt light. To overcome this problem, VST3300 Series send short
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Du, Du, Du tones and then a normal dial tone when the user takes the phone-set off
hook, if the VST3300 receives the a message prompt code from the VM.

Upon a new message, general VM products send to a commercial PBX the following:
New message prompt code + Extension number

Upon retrieval of all new messages, general VM products send to a commercial PBX the
following:

All new messages are retrieved code + Extension number

Configuration on VST3300 (2)
Please check the "new message prompt code” and "all new messages are retrieved
code" of the VM you have. Input it in VST3300 Series. Configure as follows:

B Input "Message Waiting On code". This code must be the same as VM's new
message prompt code.

When VST3300 receives "New Message Prompt code + Extension number”, it will send
Du, Du, Du tone and then normal dial tone to prompt the user there is a new voice
message when the user takes the phone-set off hook.

Web Path : 1.System /1.8.Telephony Tuning

Message Waiting On: | |
Message Waiting Off: | |

B Input "Message Waiting Off code", this code must be the same as VM's "All new
messages are retrieved code".

When VST3300 has got "All new messages are retrieved code + Extension number", the
dial tone of that extension will return to normal status.

Web Path : 1.System /1.8.Telephony Tuning

Message Waiting On; | |
Message Waiting Off | |
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Configuration on VM

B Enable message notification (light) function

B Enable new message prompt function

B Enable extension line message notification (light) function

B Enable oral notification function (Extra VM function)

Operation Work Flow

1. According to previous example, VM will prompt caller to leave a message

2. Caller leaves a message. Voice message pass through VST3300 (2), enters VM
and leaves a message successfully.

3. VM sends code "New message prompt code + Extension number" to the FXS

port of VST3300 (3)

4. VST3300 (3) receives the code and then changes the dial tone. When user of
that extension take the phone set off hook, he/she will hear Du, Du, Du before
normal dialing tone. He/she knows that a new message is waiting for retrieval.

5. When the extension of VST3300 (3) needs to retrieve (listen) the voice message,
they call to VST3300 (2) and it are answered by the DISA of VM. They retrieve
the message by the instruction of VM.

1. You've reached

ext. 3111.Leave a

VI

ﬁl 4, Different dial tone when off hook

12.4 Backup on VM System

VET3300 (1) | message. VET3300 (2
+ 8226-3368
g226-1100
2.Leave message FXR8
5. Retrieve msg FXS
3. Notification code
WaTZ00 () |,
|

Most VM products can connect with a PC for online or offline editing and system backup.
Please backup the data to PC for system update or restoration.
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13. Create the Connection of SIP Device

13.1 Concept:

A SIP telephony network is a kind of Public VoIP specification. SIP devices (IP Phone,
Softphone, Wi-Fi Phone, Gateways, etc) complying with SIP standards can work with this
device.

SIP devices can register to VST3300 Series and become an extension of the whole
IP-PBX. SIP devices can work together with an analog phone set to make calls with each
other like an extension.

The VST3300 Series can also acts as SIP Client to register to ITSP (Internet Telephony
Service Provider). Then, user can receive services from ITSP, such as free call inside
network, cost saving call to PSTN, etc.

IP Phone Community networks provides better telephony service than SIP VoIP
networks. IP Phone Community network means that Edge-Core VolP products have an
IP Phone Community Number that allow products to communicate with each other via
that number. It includes the VoIP network and extra value services built from VST3300
devices.

13.2 SIP Line (SIP Proxy Server)

VST3300 Series is also a SIP Proxy Server. SIP devices can register to this machine
and become an extension of the IP-PBX.

13.2.1 Open a New Account

When a new SIP device intends to register to this machine as an extension, it can use a
default pre-configured account and extension number, or the administrator can create a
new account for this device.

13.2.1.1 Default Pre-configured Account and Extension Number

B All SIP channels have default User Name (account) from Ext27 upward when this
machine is shipped. You can purchase extra available accounts. Accounts can go
upward to Ext** (** means 2 or 3 digits)

B All SIP channels have default Extension Number from 1027 upward upon shipping.
The number can go upward to ExtXX (XX means 2 or 3 digits) depends on account
available.
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Web Path : 2.Channel\2.1.Summary, SIP Line Table

o stosumx (M ow pwe B 23 S Pk (R ) (o e
5 27 Set - - 0 - 04D v ;o | 1027 | Ehristine1027
6 28 Set 0 0 V' ;5 | 1028 | |Edwardi028

7 29 Set - - 0 - 00 v, | 1029 Lyd1029

8 30 Set 0 040 v ;o (1030 ) \ Lyd1030

13.2.1.2 Create a New Account

Click Set in Add User column according to Channel.
Web Path: 2.Channel\2.1.Summary, SIP Line Table

o s sumx MM pw e S D S PN By
5 27 Set - : 0 : 0/ V' ;5 1027 Christinel027
6 28 Set - : 0 : 0/ V5 1028 Edward1028
7 29 @ - - 0 - 0/ Vo 1029 Lyd1029
8 30 Set 0 040 vV ;5 1030 Lyd1030

Create a new account that is the same as the User Name that is pre-configured by
default for extension number, such as Ext27, and also input password. Finally, click Apply.
This can simplify the configuration procedure later.

You can also configure customized accounts, such as

T=zernamnes Paz=word Confirm Password

AddModify  [Lester |~ |
Delete: | |

13.2.2 Specify a Channel to the New Created Account

When configuration of account is done, specify this account to a certain SIP Channel.
SIP device that register to this machine can use the specify account to register the
certain SIP Channel. Later, it can make call or answer call with this channel.

Web Path: Channel\2.1.Summary, SIP Line Table
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G s s M o T 20 S PO B,
5 27 Set - - 0 - 0/0 V'y5 027 Christine1027
6 28 Set - - 0 - 0/0 V';5 1028 Edward1023
7 29 Set - - 0 - 0/ Vi,2 1029 Lyd1029
8 30 Set - - 0 - 00 Vo 1030 Lyd1030

Click channel St (status) icon marked with X (X means the channel is not

registered from other SIP device. Note: Channel that is specified with account also
marks X if the SIP device does not register to this machine)

Confirm in the Status Table that Channel State is enabled and User Name is the account
configured in the last section.

Channel: 7 User MName: [Ext29 |
Extension Suffix |29 R

Admin. State: | Enable | Privilege: | International |
Operation State: Enable

User Name is selectable to avoid input error. Double Click User Name ant it shows the
sub-menu. Select the User Name that was configured in the last section.

User | [Ext29
Lizer Mame ( j

User Marme

Frivilege: |Ext27 TI

Ext2d

‘Ext20

13.2.3 Registration of SIP Device (Client)

To register this machine, configure the parameter of SIP device (client) is required. The
parameters of this machine are shown below. (Please configure it according to your real
environment; the example below is for reference)

Please click System Summary at the left top corner of Web of this machine to find the
information
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System Summary

-2} Sastern Information - Micmo

Feagion D

WA

Location Marme:
Software Version:
Phone MNumber:

Module Type:
Analog Channel:
=P Channel:

VST3300 Series IP PBX

Operation Manual

=10l x|

IF Fhone Mumber:

System Information
0 (Taiwan)
00-03-62-80-77-90
Taipei
1.002
886218419216
26-6-200: 3232
4 PORT_FAS
Line: 4/ Trunk: O
Line: 72/ Trunk: 24

P Address:

[Public P Address:

29120 208 107/ 2000
132.166.1.11)/ 2000 {5060

Subnet Mask: 255 255 2551492
Default Gateway: 59120208 65
Diate: 2006/03/17
Time: 16:20:59
Security Key: 0
€] B

€ Outbound Proxy:

If SIP device and VST3300 Series is under the same Subnet, please use IP address in
LAN. For the example above, use 192.168.1.11, otherwise, use Public IP

59.120.208.101
€ Registrar:

If SIP device and VST3300 Series is under the same Subnet, please use IP address in
LAN. For the example above, use 192.168.1.11, otherwise, use Public IP

59.120.208.101
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€ Port No: Default is 5060. If different, change it according to your own setting.
€ Public Address (Account): Account@Proxy Server
Check account name from Web Path: Channel Config\2.1.Summary, SIP Line Table
This depends on the Channel that the SIP device uses.

Ch St Suffix Add DND Fwd Barring 2833  Statistics PickUp/ Ext.

User Class  Status  In/Out Group No. User Hame
5 27 Set : - 0 - 0/0 V ;5 1027 | Christine1027
6 P Set : - 0 - 0/ V' ;2 1028 | Edwardi02s
7 29 Set : - 0 - 0 vV, 102 Lyd1029
8 30 Set : - 0 - 0/ Vo 1030 Lyd1030

Example of Public Address (Account): Ext30@59.120.208.101 » Ext28@192.168.1.11

€ User Name (Account: as the example above, such as Ext30, Christine1027)

€ Password: It depends on the Password of User Name for this Channel. Please refer
to the Password in section 13.2.1.2 Create a New Account

Use the parameters found in this chapter, SIP device (client) configured with these
parameters can now register to this machine.

13.2.4 Check Registration Status

Use the new account, password and related information, SIP device is now able to

register this machine. The registration status can be checked by the VST3300 and
includes if Softphone registration to this machine successfully.

Web Path: 3.SIP \3.1.0nline Users

Contacts List Pagelt [/1 Show | ‘:‘:| > | Errar Log...
User Contact URL Expires [5ec) Y control
Jasan1067 | SIP:Jasont067@220.130.191.134:3093  |2740 [ DeRegister ||
steven1039 | SIP: steven1039E60. 240,197 1535060 | s00 DeRegister

SIP device no longer used, can be removed from registration. Click Deregister to
terminate the registration of that SIP device. If registration has failed, check Log to know
for the reason of registration is failure.

Contacts List Page[t |/1 Show | <<| »> ||Err|:|r Log...

User Contact URL Expires (sec) control
Jason1067 |SIF':..Iasn:urﬂDE?@EED.13D.191.134:3D99 |2?’4EI | DeRegister |
steven1039 | SIP: steven1039E60. 240,197 1535060 | s00 | DeRegister |
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Contact Address, Error Reason and Time shows the Contact Address, fail reason and
time of registration attempt for the registration fail SIP device.

Common error are due to Password/Account error or No channel assigned.

-2} Register Error List - Microsoft Inte =10 x|
Protocol Error _ Clear |
MWessage:
Error Log List
Page 1 Fa Shiow | el | e |

Contact Address Error Reason Time

0282062710660, 240.16.112 Mo channel assigned! 06:03:56

02820697 10E6E0.240 197 183 Mo channel assigned! 17:44:35

1033192 168.1.87 Mo channel assigned! 10:21:03

Key In Contact Address: | Search |

Clear Log Buff: Clear |

[

RS e 4

13.3 SIP Trunk Server

In addition to FXO (analog trunk) ports, this machine also has SIP Trunks that can
register to SIP Service Provider (ITSP). The extension of this machine can seize trunk or
use auto routing to enter ITSP. The SIP connection of ITSP may offer free calls inside the
network and cost savings on call to PSTN.

13.3.1 Register to SIP Telephony Server Provider

Assume the following registration information of an ITSP:
SIP Outbound Proxy: fwd.pulver.com
Port Number: 5060
Registrar: fwd.pulver.com
Port Number: 5060
Your number: 211.
So, Public Address of SIP Phone Number is "211@fwd.pulver.com”
Password is 1234

Input the information above to
Web Path: 3.SIP\ 3.2.ITSP
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(Meed YWarm-Restar) Apply | Cancel |
Domain MName (#e:Por): fwd_pulver.com  [|5060 || Enable R
Domain MName: (fevd pulver.com | |Enable =
Port \\5060 | J
Time Interval (30~56400 sec.); 3600 | sec.
Accept Calls From Proxy Only: IND |
Later, be sure to check the registration status.
Web Path: 2.Channel\2.1.Summary, SIP Trunk Table
Contact Trunk 2833  Statistics ( \ .

Ch 5t Access Address Fwd Class Status  In/Out Reg. Last Number Dialed
173 8 13 : 12 : 0/ _

174 5 1 ) 12 ) o 11 Not Registered
175 8 15 - 12 - 0/0

176 8 16 - 12 - 00 -

13.3.2 Configuration of SIP Trunk Dialing Behavior

A call from SIP Trunk is routed to the ITSP (Internet Telephony Service Provider) and
connected to another SIP phone by that ITSP. Dial 8 to seize a SIP Trunk, you will hear
the dial tone from ITSP, and can then make a SIP Phone call (Suggested method).

If auto-routing function is used, dialing behavior here needs to be configure to make

dialing number correct for different ITSPs, because the installation location of this

machine may be different from the ITSP that this machine registers to.

The real dialing number of SIP Trunk is composed according to the rule
subtract Country Code, Area Code, Access Code)

Web Path: 3.SIP\3.3.Trunk Numbering

here (add or
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Apply | Revert |
Setting
Country Code: | |
Area Code: | |

AddiRemove Digits
Call Type Remove Leading N Digit(s) A«d Leading Digit String

International Call [0 -] | |
Long Distance Call ||:| 'I | |
Local Cal o = | |

Sirmulator
Group Item Description Default Value
Setting Country Code Country Code of ITSP Blank
Area Code Area code of SIP Telecom service of the ITSP |Blank

country above

Add/Remove |Call Type The prefix type that add or subtract
Digits International Call

Long Distance Call

Local Call
Remove Leading N |Remove the first N digits of access code 0
Digit(s) (prefix) of the types below. It can be 0

(default) to 10
International Call

Long Distance Call

Local Call
Add Leading Digit |After N digits is removed (described in the Blank
String paragraph above), add access code (prefix)

digits of the types below. It can be a digit
string from 1~9.

International Call

Long Distance Call

Local Call

Simulator Test the real number dial that is simulated
from the add/subtract rule of this system. It
has to use full number to simulate, including
Country Code + Area Code + Local phone
number.

Note: If no rules are applied on SIP Trunk Web page, the system follows the standard
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telecom rule (E.164) to process the number. The system exams the full number (Country
Code + Area Code + Local phone number) of destination and decides the real number
and dials according to the rules below.

m [f the Country Code and Area Code of destination are the same as the
configuration of SIP Trunk. System dials Local Phone Number only. (Country
Code and Area Code of destination number is removed)

B [f the destination Country Code is the same, but area code is different, the
number dials by the system is: the long distance Access Code + Area Code +
Local Phone Number. (destination Country Code is removed and long distance
Access Code is added)

B [f the destination Country Code is different, the number the system dials is: the
International Access Code of the machine's country + Country Code + Area Code.
(Add Internation Access Code in front of destination number)

Note: The International Access Code and Long Distance Access Code are configured

when the configuration of Region ID is done. To configure Region ID, please refer to

VST3300 Series Quick Installation Guide, Section 5.2 Telecom Region ID Configuration.

To find the International Access Code and Long Distance Access Code, please refer to

Web page: 4.PBX Advanced\4.1.Trunk Access Code

Simulator Figure

2§ Stmulator - Micros =10l x|

Dial In Full Phone Number. 8131234567
Dial Out Fhone Mumber: 031234567 (2)
11 International 2): LongDistance (3):Local

Trunk Type: ER x| Apply |
|

CEE: L e s Y
Group Item Description Default Value
Simulator Trunk Type Select the Trunk Type. There are Analog and

SIP trunk. Please select SIP and click Apply
Dial In Full Phone |Input the full destination number (including Blank
Number Country Code + Area Code + Local phone
number and International Access Code is
excluded) for simulation.

Dial Out Phone The real number dials from the system. The
Number suffix (1), (2), (3) means the call types below.
(1):International The call type that is judged by the system.
(2):Long Distance |There are:

(3):Local (1):International (2): Long Distance (3): Local
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13.3.2.1 Dialing Example

B Standard dialing method:

General SIP ITSPs use the same network phone number rule as traditional PSTNs

and the dialing behavior is the same as PSTN. You should knows the network phone

number of destination and compare it with the location of your SIP ITSP (calling side).

m [f the country code and area code are the same, you only need to dial Local
Phone Number of called side.

m [f the country code is the same, but area code is different, you need to dial Long
Distance Access Code + Area Code + Local Phone Number (Long Distance
Access Code needs to comply with the telecom rules of the location of SIP ITSP)

B [ the country code is different, you need to dial International Access Code +
Country Code + Area Code + Local Phone Number (Internation Access Code
needs to comply with the telecom rule of the location of SIP ITSP)

If dialing behavior (standard) of SIP ITSP is the same as traditional PSTN, and ITSP
use the same Country Code, Area Code as the configuration of this machine, then no
configuration of Add/Subtract rule is required.

€ Example (1) of Add/Subtract rule

When the location of this machine and the registration of ITSP and the destination place
that user make call are different, then Add/Subtract rule should be applied to make real
number (Access Code, Country Code, Area Code, Local Phone Number) correct

For example: (Codes may not be same as yours, adjust according to real condition)

Role Location |International Country Long Area Code
Access Code Code Distance

Access

Code
Location of this Taiwan |002 886 (3 digits) |0 2 (1 digit)
machine (calling side)
Registration of ITSP Japan |010 81 (2 digits) |0 50 (2 digits)
Called side U.S. 011 1 (1 digit) 1 408 (digits)

Assumes the Local Phone Number of U.S. called side is 2345678,
Since the location of calling side is Taiwan, the number dialed is 002 1 408 2345678
(Don't add International Access Code 002 when you do simulation)

v Japan Ny
/ (ITSP)
Taiwan P L, US.
gfllll?nggfgé?e, (called side)
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In this example, calling side make a call to US, however, it routed through Japan's ITSP,

so the number of called side has to comply with Japan's telecom standard. The number
dialed from Japan's ITSP should be 010 1 408 2345678. The setting of Add/Subtract rule
should subtract the first 3 digits (002) of original dialing 002 1 408 2345678, and then
add Japan's International Access Code: 010, and become 010 1 408 2345678 finally.

¢ Configuration of This Machine

Configure value below

Web Path: 3.SIP Environment\3.4.SIP Trunk Numbering

Japan: Country Code: 81, Area Code: 50 (Country Code and Area Code of ITSP)

Country Code: 81 |
Area Code: 50 |
Call Type Remove Leading N Digit(s) Add Leading Digit String

International Call E - 010 |
Long Distance Cal [1 - 0 |
Local Call [d -] | |

Sirnulator

Group Item Description Default Value
Setting Country Code |Country Code of Japan 81
Area Code Area Code of the location of Japan 50
Add/Remove |Remove International Call: 3, in this example, the |3
Digits Leading N digits actually removed are 002 and it is
Digit(s) the International Access Code of Taiwan,
3 digits.

Long Distance Call: 1, the Long Distance|1->Set 0 at below
Access Code of Taiwan is 0, 1 digit. (In field

this example, Distance Access Code is 0->Keep blank at
not required for making international call, |below filed

so it doesn't affect the result). Since the
Long Distance Access Code of Japan is
the same as Taiwan's 0, so configure the
field to O is also OK. If O is configured, the
Add Leading Digit String at Long Distance
Call field below is not required.

Local Call: 0, number is not changed, set |0
0
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Group ltem Description Default Value
Add Leading International Call: 010, International 010

Digit String Access Code of Japan
0->When 1 at field

above is configured
Long Distance Call: 0, Long Distance Blank-> When 0 at

Access Call of Japan field above is
configured
Local Call: Blank. Needs not to add and
don't change Blank
Simulator Input 14082345678 to simulator

(International Access Code of Taiwan, 002
is excluded), then output
01014082345678 (1)

; Simulator - Microsof —I—I' O EI

Trunk Type: ER x| Apply |
Dial In Full Phone Number:  |14082345678 |
Dial Out Fhone Mumber: 01014082345673 (1)
(1) International (2):LongDistance (3):Local

& T e R y

€4 Other Example
1. The same as the Country Code and Area Code of Japan (Example 2)
The destination Local Phone Number is 22345678 and Area Code is 50
Calling side (Taiwan) dials: 002 81 50 22345678, (002 is excluded when you do
simulation), then system simulator dials 22345678 (3), because the ITSP use the same
Country Code and Area Code and it is regarded as Local call.
2. Country Code is the same, but Area Code is different (Example 3)
The destination Local Phone Number is 22345678 and Area Code is 3
Calling side (Taiwan) dials: 002 81 3 22345678, (002 is excluded when you do
simulation), then system simulator dials 0 322345678 (2), because the ITSP use the
same Country Code, but Area Code is different and it is regarded as Long Distance call.
3. The same as the Country Code and Area Code of Japan, however, add
digits are required (VolIP telecom standard that define 050 Access Code
even itis in the same area). Here is the add/subtract rule: (Example 4)
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Country Code: 81 |
Area Code: &0 |
call Type Remove Leading N Digit(s) Add Leading Digit String
International Call [3 M 010 |
Long Distance Call [1 * 0 |
Local Call [0 - 050 |

Sirnulator

The destination Local Phone Number is 22345678 and Area Code is 50
Calling side (Taiwan) dials: 002 81 50 22345678, (002 is excluded when you do

simulation), then system simulator dials 05022345678 (3), because the ITSP use the
same Country Code and Area Code and it is regarded as Local call.

13.3.2.2 Use Simulator to Simplify Configuration

After the instructions above, you can use Simulator first to achieve the result you want,
without thinking adding/subtracting digits in which field first.

Input the Country Code, Area Code of ITSP field in Country Code, Area Code field, such
as Japan, and then click Apply button.

Country Code: 81 |
Area Code:; &0 |

call Type Remove Leading N Digit(s) Add Leading Digit String

International Call |EI *I | |
Long Distance Call ||:| *I | |
Local Call [0 =] | |

Sirmnulator

Simulate the number you want to dial with default value (no add/subtract digits). Get the
result to decide which fields needs to be added/subtracted.

For the example (1), input number and get number below.
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Fs
—

Simulator
Trunk Type: ER ~| Apply |
Dial In Full Phone Number:  |14082345678 |

Dial Out Fhone Mumber: Q0214082345673 (1)
(1) International (2):LongDistance (3):Local

[
Bk L e R Y
To remove 002 (3 digits) and add the International Access Code of Japan, 010:
Setting
Country Code: 181 |
Area Code; 50 |

AddiRemove Digits
Call Type Remove Leading N Digit(s) Add Leading Digit String

International Call [4 - 010 |
Long Distance Call E - | |
Local Call [0 - | |

Simulator

You can also apply these rules to tune the number in other examples.
This method is more complicated. A better method for dialing behavior control will be
provided on the next version.

14. Configuration of Conference Call

To use this function, a PBX Conference Bridge is required. This function is not included
in the VST3300 Series and needs to be purchased additionally.

When working with a PBX Conference Bridge, a user (chairman) is able to call other
parties to invite them to join a conference. Conference Bridges can be cascaded. You
may access many Conference Bridges with only one conference ID assigned. The
system will search for free conference when user requests.

For details of Conference Bridge, please refer to Conference Bridge User Manual

14.1 Configuration of a Single Conference Bridge

Please connect the devices as the example below.
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PBX Conference
Bridge

IP Network

VST3300 Series VST3300 Series

FXS FXS

| Ju|m

B Configure a Prefix/Ext. to connect to Conference Bridge

Input a Prefix or Community IP Phone Number of Conference Bridge to Phone Number
field.

Web Path : 1.System \1.2.Extension Number

Frefiz-Ext .
(Hax. 6 digits=)

AddiModify: 3200 589944964456 \|Canference =

Fhone Humber Twpe

As the example above, 3200 is the Prefix/Ext. of Conference Bridge (Phone Number:
889944964496)

B [f this machine or Conference Bridge does not join IP Phone Community, input the
information of Conference Bridge into the Phone Book

Web Path: 6.Phone Book\

Phone Humber IF Addre==s Port
AddiModify: 539944964495 110.13.6.130 | (2000 |

As the example above, phone number of Conference Bridge is 889944964496, IP is
10.13.6.130, and Port is 2000. Input all of them to web page Phone Book of this
machine.
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14.1.1 Chairman is Unspecified Member
Configuration of one or more Conference Bridge has to be verified with the built-in
Security Key of this machine (VST3300 Series)
Authority Key of each Conference Bridge has to be the same as the Security Key of this
machine.

B VST3300 Series Web Path: 1.System\1.1.Basic Information

Securty Key: 2300 (0 ~ 999999999, Need Warm-Restar)

As the example above, configure Security Key to 2300 and then click Apply.

B Configure the Authority Key of Conference Bridge to the same as Security Setting of
Parking Server of this machine.

Conference Bridge Web Path: AUTHORITY\

R e
HOME BASIC IP SETTINGS ADVANCED AUTHORITY = |

ApplsrlRE\Ierll

Authority Key
Key [2300 (00~ S095995)

As the example above, configure Authority Key of Conference Bridge to the same as
2300

Follow the configuration above; each port of the VST3300 is able to use the Conference
Bridge. When conversation starts, a party who activates Consult Transfer to Conference

Bridge will become chairman. (For example: Flash+3200+#, 3200 is the Prefix/Ext. of
Conference Bridge (phone number: 889944964496))

14.1.2 Specify Dedicated Member as Chairman

The chairmen of Conference Bridge can be specified as a dedicated person. Specified
VST3300 Series ports can be configured in Conference Bridge. Only the party at these
specified ports can become chairman. Users at other ports of the VST3300 can be
invited by the chairman to join the conference only. Check the following configuration

B VST3300 Series Web Path: 1.System\1.1.Basic Information

Configure Security Key of this system
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System Security
Secunty Key: 2300 (0 ~ 9999999949, Need Warm-Restar)

As the example above, configure Security Key to 2300, and click Apply
B Authority Key of Conference Bridge has to be different from this machine

Conference Bridge Web Path: AUTHORITY

Authority Key
Key [0 (0~ CEOS00000)

As the example above, configure it to O

B Specify certain ports or all ports of VST3300 Series to be the chairman.

Conference Bridge Web Path: AUTHORITY

Authority Phone Number of Chairman
Search |

Add |3862?223551 1

Delete |

As the example above, 886272235511 is the phone number of a VST3300 Series, then
all parties of that machine can be a chairman.

Conference Bridge Web Path: AUTHORITY

Authority Phone Number of Chairman
Search |

add |3362?223551 112

Delete |

If the phone number is specified to certain port, such as 88627223551112, then the last
two digits, 12, are Channel Number. Only that Channel can be a chairman. Many
Channels can be specified for chairman in the same IP-PBX.

B For all changes, click Apply button to confirm

14.2 Configuration of Cascaded Conference Bridge

Conference Bridges can be cascaded as a round chain with max 16 devices. It is
necessary to configure the IP information of next (slave) IP-PBX in the Web Page. Users
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should select one IP-PBX number as the identification number of conference.

See the diagram below:

CE(A) " ¥
g CEBIB) CB(C)
Slave-Device =Br—wo o Nevics = 0 Slave-Device = A
({ID number;)

*CB= Conference Bridge

For Conference Bridge(A), Input IP address and Port Number of next (slave)
Conference Bridge(B) in A's Slave Conference Bridge Chain Address field via web
page. When Conference Bridge (A) is busy, the IP-PBX redirects the request to the next
IP-PBX configured here, Conference Bridge(B). Conference Bridge(B) also can configure
its next IP-PBX. When the last IP-PBX is configured, a Slave Conference Bridge Chain
Address to the first Conference Bridge (A), a round chain structure, has been created. A
maximum 16 IP-PBXs can be chained together. The chain information can be viewed in
Conference Bridge Chain Info field.

Conference Bridge Web Path : BASIC \ CONFERENCE

Slave Conference Bridge Chain Address ¢ Heed WamBestat 3

IF { Port |0-0-0-0 ]

Conference Bridge Chain Info

Fhone Muraher F1 Peatl [Fi FPor?  WChatmnan Phone Number
REEHATE 101364 o000 2112140.178 TSN

As the example above, configure IP / Port field of next (slave) Conference Bridge

15. Configuration of Other Application

15.1 Call Forward

The feature Call Forward predefines a destination for an extension line automatically
sending calls to the defined destination configured in the VST3300 Series are:

B The extension line in the same IP-PBX

B The extension line of another VST3300 Series at remote side

B SIP device (SIP Phone » Softphone » SIP Wi-Fi phone)

B The public line (PSTN) through the machine at remote side (Off-net Forward)
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For the Call Forward feature, there are 3 parameters to be configured:

Parameter

Description

Control

Disable: Disables Forward Feature
All Calls: Forwards all calls
Busy: Forwards only if this line is busy

Busy (Cascade): Forwards only if this line is busy. And if the
forwarded line is also busy and Busy (Cascade) is defined,
this call will be forwarded to next destination as configured.
Can be forward maximum of 16 times..

No Answer: When there is no answer for this line, the call
forwards to the specified destination

Busy/No Answer: When there is no answer or line busy for
this channel, the call forwards to the specified destination

Forward To

Phone number, extension number, or Community IP Phone
Number of the remote device to be forwarded to.

If the call needs to forwarded to a Voice Mail Product,
configure this number as the phone number or Community
IP Phone Number of VST3300 Series that connect to Voice
Mail Product.

The phone number must be a full number including country
code and area code. If Mobile Number (Offnet to PSTN)
below is also configured. The call is offnet to PSTN via the
machine of the phone number configured here.

Mobile Number

The telephone number of PSTN or mobile phone that the call
will be forwarded to. The telephone number is entered from
the viewpoint of transfer IP-PBX (the remote equipment that
the phone number had entered in the field of “Forward To").

For general Call Forward, only the parameters of Control and Forward To need to be
configured. There are two kinds of configuration tools, via Web or Phone set.

15.1.1 General Call Forward

Each extension can have their own call forward. Here is the configuration.
Configured Call Forward by Phone set

(1)
(2)

Take the phone set Off-hook and dial  ; *0 0000 (Du, Du, Du)

Dial 011 (DuDuDu) ; Activates Forward

76



Powered by Accton Operation Manual

: Disable

. All Calls

: Busy

: No Answer

: Busy or No Answer
: Busy (Cascade)

gaa ~h W DN PF O

(3) Dial 0286216666111 ; Defines field of “Forward To”

(4) Hang up the phone set

Disable Call Forward by Phone set
(1) Off-hook the phone set and dial ; *0 0000 (Du, Du, Du)

(2) Dial 010 (Du, Du, Du) ; Disable Call Forward

(3) Hang up the phone set

Configure General Call Forward by Web

Web Path : 2.Channel\2.1.Summary

Select Channel with FXS type and click its St (Status) icon

CH St suffix [ Type DND Fwd Barring T.38 Statistics PickUp/ Ext. Voice Gain

Class : In/Qut Group No. Mail In/Out
1 0P | Fus - - 0 - 00 Vi 1011 - 0/
2 12 FXS - B/ 0 - 0/ Vi 1012 - 0/

Configure Call Forward in Status Table

Control: | Al Calls | Fwd
Forward To: 8525226339124 |

hohile Mumber: | |

It shows icon after configuration @

Icon of other status is shown below
A: All Calls

B: Busy

B/C: Busy (cascade)

N: No Answer

B/N: Busy or No Answer

77



Powered by Accton Ope ration Manual
Activate Call Forward Disable Call Forward
Control All Calls Disable

Forward To |The phone number (full number, can add an
extension number) of the destination or
Community IP Phone Number

Offnet To  |Blank

15.1.2 Secretarial Intercept Feature

In a company scenario, phone calls may be picked up by a secretary. Phone calls are
then filtered by secretary and it is transferred to the correct destination.

1. Configure all calls to a boss to be forwarded to the extension line of the secretary,
then any calls that for the boss will be forwarded to the secretary.

Configure Call Forward in Status Table

Activate Call Forward

Control All Calls
Forward To The extension line of secretary

2. Secretary on the phone-set press:
Flash (or #) + extension of GM
Then the incoming calls is transfer to GM.

3. Only the secretary’s extension is allowed to transfer or dial a call to the boss.

15.1.3 Offnet Forward to Mobile Phone (Offnet PSTN)

15.1.3.1 Offnet Forward to Remote Mobile Phone (PSTN) From Local Machine

User may forward a call from the extension line of this machine to a PSTN line in remote
site via a transfer machine. Here is the configuration:

(1) Configuration for the parameters of “Call Forward” of This Machine (A)

Field Description
Control All Calls
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Forward To [The telephone number of the remote machine (B) that will forward to.
If the transfer machine is the machine (A) itself, keep this field in

blank
Mobile The telephone number of Trunk (FXO (PSTN) or SIP) that the call
Number will be forwarded to. Because this call will be dialed from the remote

machine (B), the phone number must be entered from the point of
view of the remote machine (B). The phone number of remote
"Forward To" machine (B) needs to be entered for Mobile Number
function to PSTN

(2) Configuration for the equipment of Remote Transfer Machine (B)

For remote transfer machine, the telephone number, same as the telephone number
configured in “Mobile Number” of machine (A), need to be defined in Web Path:
1.System\1.4.Mobile Number.

Example

Own machine (A) VST3300 is located at Taipei and remote machine (B) as the transfer
machine is located at Shanghai. If an extension line at Taipei will forward a call and
offnet to a mobile phone 1360567888 in Beijing. The configuration for both parties is:

Configuration of Machine Configuration of Remote
Parameters (A) at Taipei Machine (B) at Shanghai
b (8621-6445-1111)
Control All Calls
Forward to 862164451111
Mobile Number 1360567888
Web Path Selected via Selection
1.System\1.4.Mobile Number. List

In order to forward the call to remote PSTN line, the “Mobile Number” of machine (A)
needs be configured; in addition, the parameters of remote VST3300 also need to be
configured. The example is shown below:

Configuration of remote machine (B) (Web Path : 1.System\1.4.Mobile Number
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Apply | Cancel |
Mobile Numbers
Capacity: 128
Current Entry: 0
[Selectinn List... Page[t |f1 Show | <<| =»
Phone Number Trunk Attempt  Duration
Fhone Humber Trunlk
AddiModify: 11360567809 ||PSTN |
Delete: | |
ey In Phone MNumber: | | Search |

Selection List is useful for machine (B) to select the phone number that can offnet
forward to PSTN. Machine (A)'s MAC Address, Channel, Phone Number and Mobile
Number input in machine (A)'s channel are shown in the List.

2} Mobile Humbers Selection List - Microsoft In =0l =]
-
Selection List
apacity: 200
iZurrent Entry: 1
Pagelt /1 Show | ~=:~=:| :=-:=|
| [T MAC Address Channel Phone Number Mobile Number
[« -03-62-80-76-76 0z O00208226331112 0921856123 ]
Tick, and select PSTN
Trunlk /
Add Selected: |PSTN ¥ =] Add |
Delete All Delete\l
Filter Condition Trunk can be PSTN or SIP
MAC Address:| |and
Fhone Numher:| |8ﬂd
Hokbile Humher:| | Filter |
[~
O L e R 4

Attention:
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1 - The telephone number defined in the field of “Mobile Number” is the number actually
dialed from the remote transfer machine. In this example, the call is forwarded to
offnet mobile phone, therefore configure it to mobile number and a full number is

not required.
2 ~ Machine (A) has to be a VST3300 Series model, then it can be seen in Selection

List

15.2 Hotline Extension

When an extension is configured for hotline, the hotline call route is built when the phone
is taken off hook.

Example: Extension of 1012 makes a call, **88628226336814+# is automatically input
when a user picks up the phone set of this extension. (** is access code for IP Call, # is
the ending code of IP Call)

Configuration of Example
Web Path : 2.Channel\2.1.Summary

Select Channel with FXS type and click its St (Status) icon.

Barring Statistics PickUp/ Ext.  VYoice  Gain
CH 5t Suffix |Type| DND  Fwd  “rpce T3 “inout  Group Mo, | Mall  InfOut
1 11/0P* | Fxs - - 0 - 0/ Vo 10m - 0/
2 ‘ 12 Fis - BiC 0 - 0/0 v 1012 - 00

Configure Softkey in Status Table

Soft Key String: “B8625226336814# |
Trigger Mode: | Auto ~|
Trigger Digits: | |
Append Trigger Digit: Mot Append |
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Parameter Value Description
Soft key String **88628226336814# |Contents of hotline
number.
Trigger Mode Auto When the system

detect a loop on the
extension, it triggers
the call

Trigger Digits (Blank) The digit to trigger the
call. When Trigger
Mode is Auto, it is
blank here.

Append Trigger Digits  |[Not Append

IP Call **88628226336814+# is made automatically when user of extension 1012 pick up
the phone set.

15.3 Line Group

Several extensions can be grouped as a Line Group. When one of the FXS (extension)
in the group is busy, incoming call to this FXS can be forward to a pre-configured
destination. If the destination FXS port is also busy and has also been configured as
Forward (cascade), then this call will be forwarded to the pre-configured destination
again. The maximum cascade is up to 16 extensions. The final extension is configured to
forward back to the first extension of the Line Group loop created.

Web Path: 2.Channel\2.1.Summary

Select Channel with type FXS and click its St (Status) icon.

Barring Statistics PickUp/ Ext. Voice Gain
CH St Sufiix |Type| DND  Fwd “np ™ T3 “hjout  Group  No.  Mall  In/Owt
1 11/0P* | Fus - - 0 - 0/ Vi 1om - 00
2 ‘ 12 Fis - BiC 0 - 040 v 1012 - 00

Configure Call Forward in Status Table. Configure Forward To number to the next
extension.

Contral: |Busy(cascade] |
Fonward To: (806262264457 12 |
Mobile Nurnber: | |
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Example figure:

PSTN
FXO
1573300 1L iiiigprens | VST3300. Jhesrveeeprneen | VST3300
yv FXS E ‘ L
3 :

?E,é
N

Busy (cascade)

Attention: Confirming calls between these extensions in the Line Group in advanced is
required.

15.4 Call Park

4
L
B Busy (cascade)

.
-
‘.
L]
...............
----------
------------------------------------------------

Busy (cascade)

Called side can park the incoming call and anyone using this system can pick up the call
anywhere.

15.4.1 Operation Procedure

B A party is the one who triggers Call Park

B B party is the one who has conversation with party A. A will park B on the parking
server of this machine.

B Cis the third party who retrieves the phone call.

Operation method

B Aand B are having a conversation (A calls B, or B calls A)

B A parks B on the Parking Server of this machine, and then any other C party can
retrieve the phone call

15.4.2 Analysis of Example

Example 1:

Parties A and C use the extension line of the same VST3300 device. B is the extension
of another VST3300 device.
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VST3306 (1) VST3306 (2)
FXSL FXSD
oo (9 (Y oo 1(9- (Y
A E!!! ﬁiﬂl ﬁiﬂl ﬁiﬂl C B 1] ﬁ!ll ﬁiﬂl ﬁiﬂl
Example 2 :

Parties A, B and C use the same VST3300 device, A and C use extension lines (FXS), B
is connected via the PSTN.

Example 3 :

Parties A and C use the same VST3300 device. B is connected via the PSTN (also can
be Mobile Phone) of another VST3300.

VST3306 (1)

Fxs( IP Network
w

Amﬁﬁﬁ

L]
L]
L]

@)

VST3306 (2)

FXS

[=¢)
g5
[=0)
=]
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15.4.3 Configuration Method

Configuration of A party's VST3306 (1):

¢ Configure a Prefix/Ext. No: 5555 in A party's VST3306 (1). Phone Number can be
configured as the phone number (My Phone Number found in Web Path: 1.System\
Basic Information) of VST3306 (1) and Type as Phone. This Prefix/Ext. is identified
as Park ID of VST3306 (1)'s Parking Server

Web Path : 1.System \1.2.Extension Number

Frefiz-Ext .
(Hax. 6 digits)

Additodify 5555 5562154158934 ||Phone |

Fhone Humber Twpe

Park ID can be divided into few types below

» The Prefix/Ext. of VST3300 can configure Prefix/Ext. No as the device number.
This number is identified as Park ID. Prefix/Ext. No + Ext. suffix can also be a
Park ID and its type is iPBX

¢ Configure related configuration that make A and B able to communicate.
Configuration of party B 's VST3306 (2):

¢ Configure related configuration that make A and B are able to communicate.
Configuration of party C's VST3306 (3):

¢ C must use the extension of VST3300 Series device that is connected to IP network.
Lines from PSTN do not work. C and A must use the extension of the same box, so
further configuration is not required.

15.4.4 Practice

Method 1 :
1. Acalls B. Conversation starts.

2. Apress Flash+5555* B is parked on Parking Server of this machine.

3. Any extension line of this machine, such as C, presses *1 5555, and then it is
able to talk with B.

Method 2 :
1. Acalls B or B calls A, and conversation starts.

2. Apress Flash+3102 13*, B is parked to Parking Server. (3102 is the Prefix/Ext.
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of A's VST3306 Plus (1). It needs to be configured in advance. 13 is the
extension suffix)

3. The extension on the same IP-PBX box, C press *1 3102 13, and then C is able
to talk with B.

If multiple parties A all use the same Park ID, it is possible that many parties B are
parked with the same Park ID. The retrieve sequence is the same as the parking
sequence, no matter how many C parties they have.

16. Connect to Special Device (Seize Specific Trunk)

16.1 Connect Door Phone and Voice Broadcast System

You can connect this machine to some non-telecom analog devices. These devices
supply analog current and it is similar to the trunk line of a PSTN. Open or close the
circuit can open or close the device at remote place, such as

B Door Phone

B some kinds of voice broadcast systems

For these devices, specify a FXO port to connect to door phone or broadcasting system.
A user of the VST3300 Series can Seize Specific Trunk, then door lock is open or voice
broadcast system is seize for voice broadcast.

Description:
B Trunk Class ID (0~11) may be assigned to every FXO port; default value is 0.

B By defining Trunk Class, the specific FXO port can be accessed by the remote
machine.

B Dial Method:
<* 8> + <Prefix/Ext.> +< Class ID (0~11)> +<*/#> + (PSTN number) Note: If no
PSTN number is dialed, dial tone from PSTN is heard

B Note: If there are several FXO ports have the same Trunk Class ID, the access
sequence is from the last port upward.

Configuration:

B Web Path : 2.Channel\2.1.Summary

Select Channel with PSTN (FXO) Type and click its St (Status) icon.
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Errar Trunk Statistics . Gain

Ch St  Access |Type Count Fwd Class T.38 In/Out Last Number Dialed In/Out
3 @ 9 |esm| o . 0 v oM : il
4 @ g |psn| 0 : 0 v 0/ ; 0m

Configure Trunk Class in Status Table, such as "3:Particular App.(1)". Click Apply.

IC: 3 Particular App.(1) =]

Example Figure:

auoyd Jooq

Channel 4
Class 3

Other Channel
Classes 0

vsT300,.... | JPe | VST3300

EXS .
F Remote

Dial "*8+10+3#" Can seize
Channel 4

Prefix: 10 ‘

Local

Note: The default Prefix of Extension is 10 and access code of Seize Specific Trunk is *8

16.2 Connecting a Voice Broadcast System (VST3305 Only)

In addition to general channel, VST3305 has an extra Broadcast port.

—3—
UECINK DC BV /0.5A

00 B0 @l

L] L]
—— LAN—— FAX/PHONE LINE CID ae’:nloam

This port can connect to voice amplifier for broadcasting to company

To use this function, seize specific trunk method is used. When the specific trunk is
seized, personnel can talk into phone set directly for broadcasting.
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Method: Pick up phone set and dial *8 10 11 (#). Start to broadcast when hint tone is
heard. (*8: access code of Seize Specific Trunk, 10: Extension Prefix of this machine, 11:
Trunk Class ID, #: dial ending code)

This function uses a fixed Channel and can not be changed.

Web Path: 2.Channel\2.1.Summary

Error Trunk Statistics . Gain
Ch 5t Access  Type Count Fwd Class T.38 In/Out Last Number Dialed In/Out
3 g FXO O . 2 v 0/ IR 0
4 /10 SPK 1] - 11 - oma - 0ma

17. Firmware Update and Backup

17.1 File Types

VST3300 Series files, each have their own meaning. Here lists its meaning:

File Name File Type Description
XP4421.CFG
XP4423.CFG _Syste_m , File of system configuration
XP44XX.CEG configuration file
XP44XX.GT1 1% greeting file File of voice greeting record
XP44XX.GT2 2" greeting file File of voice greeting record
XP44XX.GT3 3" greeting file File of voice greeting record
XP44XX.GT4 4™ greeting file File of voice greeting record
XP44XX.GT5 5™ greeting file File of voice greeting record
XP44XX.GT6 6" greeting file File of voice greeting record
XP44XX.GT7 7" greeting file File of voice greeting record
XP44XX.GT8 8" greeting file File of voice greeting record
XP44XX.VON System voice file Voice file for announcement
XP4421.RUN
XP4423.RUN Executing file System Software
XP44XX.RUN
XP4421.WEB
XP4423.WEB Web page Page for web browser
XP44XX.WEB
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MEM setting file can be downloaded
. by FTP to PC; open file and modify
XP44XX.MEM Text file the contents using NOTEPAD or
other word processing tool; then
uploaded the file to system.

It is a pseudo file. VST3300 Series
will execute the cold start if this file is
COLDSTART Cold start deleted via FTP. It is a convenient
function if cold start is required after a
FTP software update.

It is a pseudo file. VST3300 will
execute the warm start if this file is
deleted via FTP. It is a convenient
function when using FTP.

CP_TONE.BIN CP binary tone file |CP binary tone file
DSP_CORE.RUN Run DSP file DSP execution file

WARMSTART Warm start

17.2 Update and Backup Firmware via Web
VST3300 Series can update or backup firmware via the Web management page.

17.2.1 Firmware Update

Web Path : 7.File Transfer
1. Click "Browse"

Selact File: (|| Browse.. ﬂCIear

Fesult MIfA Browse

2. Select "XP4423.RUN" in your PC.
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Choose file @
Look in: | (29 ¥ST3300 | & & ek E-
2. RP4423, RLIN
My Recent
Documents
=
Desktop
-~y
tdy O ocuments
by Cormputer
by Netwark Fil i =P4423 - ] |
Places e name | J Pen
Files of ype: |ﬂ|l Files [*.7] j Cancel
3. Click Open
Put File from PC to this Device
SelectFile:  |CA\Documents and Settingsimara_hwangiby | [ Browse ]l Clear
Send
Fesult [N A

4. Click Send. Wait for the Result to give a successful message and the do a restart to
this machine
Web Path: Click —Restart- at left side of the Web page.

-Search-

-Restart-

17.2.2 Backup Firmware

Web Path: 7.File Transfer
1. Click the download icon “Get”.
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Get File from this Device to PC
File Name Size Date Time Get
®P4423 RUN 1670812 Bytes 200603414  17:31:00 (&)
wP4423 CFG 131152 Bytes 200603720  11:12:00 / E
HPAAKK G 22100 Bytes 2000/01/01  00:21:37 E]
wPAARE GT2 7360 Bytes 20000101  00:08:50 E
HPAAKK GTA 5424 Bytes 2000/01/01  00:09:10 E]
wPAARE GTS 3708 Bytes 20000101 00:09:30 E
HPAAKK GTE 8240 Bytes 2000/01/01  00:10:45 E]
wPA44E GTh 8108 Bytes 20000101  00:11:05 E
HPAAKK GT7 8020 Bytes 2000/01/01  00:12:13 E]
wPA44E GTE 65536 Bytes 200001702  00:57:59 E
HPAAKK MEM 164 Bytes 2006/03/20  11:12:00 E]
#P4423 WEB B76E0 Bytes 2006/02/24  16:15:00 E

(Sample MEM File)

2. Click "Save File"

File Download

X

Do you want to save this file?

] Marme: ®P4423.RLUMN
Type: Unknown File Tvpe, 1.59 ME

From: 192,168.1.36

N

[[ Save | || Cancel

harm your cormputer. | pou do not st the source, do not zave this

@ While files fram the Intermet can be uzeful, some files can potentially
file. ‘What's the nsk?

3. Select the save file path of PC and then save the file

17.2.3 Application of .MEM file

A .MEM file records lots of customized data which the user creates from the Web. MEM
files can be downloaded from the devices. Open the file in Notepad or other word
processing software, modify the data and then upload the file back to the device. If there
is a lot of data to be created or modified this method saves a lot of time.

Find a data file .MEM in this machine. It is a data file of many items that can be created
by Notepad:
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Web Path : 7.File Transfer

Get File from this Device to PC

File Name Size Date Time Get
#PA423 FUN 1663024 Bytes 20060122 11:07:00 &=
AP4423 CFG 1311582 Bytes 200670126 16:0%:00

HPAAE GTH 22100 Bytes 20000101 0O0:21:37

APAARH GT2 10396 Bytes 2004/01/30 18:04:00

HPAAE GT3 8372 Bytes 2004001530 18:06:11

APAARH GTS 4852 Bytes 200401530 180707

HPA4E GTE BAYE Bytes 200401530 18:09:51

APAAE GTh 10704 Bytes 200401730 18:11:22

HPAAR GT7 11320 Bytes 200403410 091242

APAAEK GTE 45244 Bytes 200409415 14:14:52

HPAARH ME 175 Bytes 2006/01/26  16:09:00

#P4423 WEBR 73228 Bytes 2006/01A419  15:06:00

Download the .MEM file to PC and open it in Notepad. See example below.

I XP44XX[1] - Notepad
File Edit Format ‘iew Help

[PHONE-BOOK]
862172235511
[ABBR-DIAL]

[PREFIX]
10 886282263311
289 862172235511

[OUTBOUHD-TRANSIT]
08-83-62-80-76-76 =

192 168.1.12

2

2018

1

EEX)

Data can then be created by your self. To see the format of data entries, please refer to
Web Path: 7.File Transfer, at bottom line

iSample WEM File)

Click Sample MEM File, you can see the table below. Create the data entries according
to this table to speed up installation.
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[PREFIX]
#format:  Prefix phaone number Type(D:phone!1:iPbx/2: Conference)
111 12345675 1]
12 ettt s 1
[OUTBOUND-TRANSIT]
Route Type

#format:  MAC

phaone number

I:Local/Z:Tollf3: specified)

Allowed(D:Mal:Ves)

00-03-62-11-22-33 12345675 1 1]
00-03-62-12-34-56 58555535 2 1
[FHONE-BOOK]
#format:  phone number IP Address port
12345678 192.1658.0.1 2000
g853555585 192.165.0.2 2000
[ABBR-DIAL]
#format:  index phone number
an 12345675
1 Booooae0
[SIP-OUTBOUND-AUTH]
#format:  entity(D for all) “realm” "username" "password”
1 “realmd” “realmd,_user" "0ooo”
2 “realmB" "realmB_user" "1
[SIP-INBOUND-AUTH]
#format:  entity(D for all) "username" "password”
1 “1o10” “1010"
2 o1t 011"
[SIP-PHONE-BOOK]
#format:  index "user_part" "host_part" port via_proxy(0: Mo/l Yes)
3555 "user" “registrar.com” s0s0 0

After modification is done, upload it back to this machine, then the data on this machine
will be updated.

Note: The machine had already kept all of the data before you download the .MEM file.
So the data is not removed if you remove entries (all or partial) of the .MEM file and
upload to machine again.

If you need to remove any records, you should.
B Remove record from Web page

Notice of MEM File Update

After the configuration is finished, please make a backup file for CFG file. It is in case
that if the data is lost, you may upload the backup file of CFG file to this machine. If you
upload the previous backup file of CFG file to machine after the MEM file is uploaded,
the MEM file will be ineffective because the backup file will overwrite the MEM file. You
have to re-upload the updated MEM file to this machine to get the correct data.
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17.3 Update and Backup Firmware via FTP

Firmware update and backup can also be done by a FTP Client

17.3.1 Firmware Update by FTP Software
17.3.1.1 Update RUN and WEB by FTP Software

1. Open a FTP Client Software, such as CuteFTP or WS FTP.
Enter IP Address, User Name (default: FTP), Password (FTP and Console
password are same by default: blank), and the Fire Wall Port Number to 21

WS_FTP95 LE

—Local System FRemote System

..IC wDocuments and Settings Session Properties @E Lj
£ | Name Dad  General l Startup ] Advanced ] Firewall 1 Pate Size I | g
O Hanagenent in™~ 1060315 Profile Mame: | 132.168.1.11 | Mew
[ ws_ftp.dll azo1zz 2
_: WS _FTE . hlp 961121 1 Host Mamesdddress: ]192.188.1 A Delete
_: WS_FTE.LOG 1060315
_: WS_FTF95 . exe 980724 1 Host Type; ]Automatic detect _VJ e
& [—=-1 =
fogg User 10 ]FTF‘ I Anonymous S
& [-=-] = > - -
B [—v-] Password: ] W Sawve Pwd —
& [-v-] Account: |

< Comment; ]

( (] D Cancel ‘ Apply | Help ‘
WINSOCK.DLL: WinSock 2.0
“WS_FTP35 LE 4.12 97.01.22, Copyright © 1392-1997 |pawitch, Inc. ;J
LConnect | Cancel | Logwind | Help | Options | About | Ezxit I

2. Click Connect button to get a connection between this machine and the FTP
Client. The files of this machine will be displayed if the connection is successful.

I WS_FTPA5 LE 192.168.1.11 i [m] ]
—Local Systen —Remate System
F:~Document=~4600_plus~Firmnware j // ~\ j
t" | Hame | Date ChaDir t | Mame | Date Chalir
WS_FTP.LOG 1060126 || Dl COLDSTART 1060126 15:47 | —
5] ¥XF4423 . RUN 1060126 | [ CP_TONE.BIN 1051117 20:26 |
(] ¥P4423 . WEB 1060126 | e <__| [ DSP_CORE.RUH 1050820 12:53 e
El[-a-] Eren WARMSTART 1060126 15:47 Eren
B [-c-] -->| (%] XP4423 CFG 1060126 16:21
B [-d-] | Fienams| [ XP4423 RUN 1060123 11:07 Renans
B [-=-] 1} _Delete EP4423 VEE 1060119 15:06 elete
BEI-f-] Refrezh HP44¥E GT1 1060101 00:21 Refresh
= r - 1 _ILIW Wnnavv T incndan 1004 ol Dirlr
4 | » iflnfa Ph | 1 -4 irnfa
= ASCI {+ Binary [~ Auto
150 Opening &5C1 mode data connection ;I
Received 1157 butes in 0.2 secs, 64,33 Kbps), transfer succeeded
226 Transfer complete ;I
Cloge | Cancel | Logwnd | Help | Options | About | E xit |

3. Be sure that the files to be uploaded are stored on the hard disk. Select the file
with extension of .RUN and click the - button. (Note: the file name must be the

94



Powered by Accton

Operation Manual

same as the file name in the IP-PBX, e.g. XP4423.RUN).

1Y Ws_FTPOS LE 192 1651 .11 i | |
—Local System —Remate Syaten
F.~Documnent=~4600_plus~Firmware j e j
| M arne | Date ChagDiir | M arne | [ ate | ChgDir
= kD t = BT
1060126 [ COLDSTART 1060126 15:47
1060126 %] CF_TOHE.BIN 1051117 20:26
1060126 Yie @ [ DSF_CORE . RUH 1050820 12:53 Wie
Eoe WARMSTART 1060126 15:47 B
Frerams 8 (5] XP4423 CFG 1060126 16:21 Y-
[E] XF4423 RUN 1060123 11:07
| _Delete [E] XP4423 . WEE 1060119 15:06 Delete
Refrezh HP44¥E GT1 1060101 00:21 Refrezh
x o o] VDA AWV TTD Anenian 10 .04 il o
| _,,IJ Dirlrfo 4 3 Dirlnfo
" ASCIH + Binany [ Auto
150 Opening A5C| mode data connection ;I
Feceived 1157 bytez in 0.2 secz, [64.33 Ebpzl, anzfer succesded
226 Transfer complete LI
Cloze | Cancel | Logiwnd | Help | Opticns | Ahout | E it |

After the file is overwritten (check by looking at file’s update time), Select the file
with extension of .WEB and click > (Note: the file name must be same as the file

name in the Gateway, e.g. XP4423.WEB). The step is the same as 3 and 4

5. Do a Cold Restart to finish the Update procedure (this procedure saves and
processes all the settings).

17.4 Check Updated Version

Check if the update is successful or not: Enter Web page to verify

Web Path: 1.System\1.1.Basic Information

Fegion D
Software Version:
EootRom Yersion:
Hardware Version:
Module Type:

=IF Line Capacity:

SIF Trunk Capacity:

System Up Time:
MAC Address:
Location:

Information
0 (Taiwan)
( 1.00.2 ]
1.01 N\
2.00
4 F’DFET_F}{S Che.ck if the
?2 version correct
24

Z2day 14 hr 11 min 55 sec
00-03-62-80-77-90
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18. Appendix

18.1 Management by System Console and Telnet

18.1.1 List of all commands

A command may have many sub-commands. Input "?" and press Enter for further help.

User Exec
commands :
Enable

Exit
Help
Show

show :
dns
ethernet
history
ip
log
manager

outbound-auto-sync

route
running-config
service_port
version

Privileged Mode :
Configure
Delete
Disable
Exit
Help
Ping
Probe-hook
Probe-remove
Reload
Restart
Show

Global Mode :
Dbflush
Dns
End

Turns on privileged commands

Exits from the EXEC

Description of the interactive help system
Shows running system information

Shows the IP address of domain name server
Fast Ethernet port status and configuration
Displays the session command history
Displays IP configuration

Shows log filter control

Shows status of management functions
Shows outbound auto sync

Shows route

Shows current operating configuration
Shows service port configuration

System hardware and software status

Enters configuration mode

Resets configuration

Turns off privileged commands
Exits from the EXEC

Description of the interactive help system
Sends echo request to destination
Probes busy tone cadence

Stops probe busy tone cadence
Halts and perform cold start

Halts and perform warm start
Shows running system information

DataBase flush
Sets the IP address of domain name server
Exits from configure mode to privileged mode
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Exit

Help

Ip

Log
Manager

No
Outbound-auto-sync
Password

region_id
service_port
terminate

Exits from configure mode

Description of the interactive help system
Global IP configuration subcommands
Control log output

Enables/Disables the specific management
function, including Enable/Disable management of
FTP, Telnet and Web.

Negates a command or sets its defaults
Automatic sync remote outbound entries
Modifies password of enables command
Sets regional id

Sets service port number

Forces channel clear down

18.2 Management by Phone set

There are two levels of management, extension line user and system administrator.

18.2.1 User of Extension Line

Every extension line has a password. Take the phone off hook and at the dial tone, dial
*Q, or press the button on the rear panel of machine and then make a call to FXO port of

this machine (no *0 or password is required) and hear the tone of “DuDu”. At this
moment you may configure the parameters by using the following instructions.

Attention: button on the rear panel of the machine is for maintenance purposes and do
not push it under normal conditions.

Item Description Parameter Remarks
01 |Call Forward 0/1/2/3/415 Configures “Call Forward”
0 : Disable type. Only Forward All Calls
1:AllCalls take effect if call are from
2 : Busy FXO
3 : No Answer
4 : Busy or No Answer
5 : Busy (Cascade,
Administrator Only)
02 | Telephone number for |1 ~ 19 Digits Defines the telephone
Call Forward number of Call Forward
03 | Telephone number for |1 ~ 22 Digits Defines the telephone
Offnet To number for Offnet To
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Item Description Parameter Remarks
04 | Clock Alarm hh*mm?*c: Phone will ring 3 times when
hh: 00~23 Hours the time is up. You can set
mm: 00~59 Minutes alarm start once or
c: 1:onetime periodically
2 : periodic
Blank: clears the setting
for periodic alarm
05 | Voice Gain 0 : Default The Input Gain and Output
1:+42db Gain will be changed
2/22/222 : -2/ -4/ -6 db
06 |Change Password 4 Digits Default is no password. You
may set or change password
07 |Activate the Greetings |0/ 1 Only Operator port can
of night mode 0 : Disable change the configuration
1: Enable
08 | Pick up is allowed 0/1 The other line can not pick
0 : Disable up calls for you unless this
1: Enable function is enable
09 |Enter to system 4 Digits Refer to section 10.4.2
management mode System Management
10 | Play current time 2 Digits Plays the current time
11 | Display Caller ID 0/1 Displays caller ID or not
0 : Disable
1: Enable
12 | Do not disturb (DND) |01 Configures DND function.
0 : Disable Enable it allows to dial call
1 : Enable from that extension, but
block all call dial to that
extension
13 | Clear voice mall Clears waiting tone for voice
waiting tone mail retrieval (DuDuDu dial
tone is heard when voice
mail has not been retrieved)
21 |Read Phone Number Press * or # to leave
of this machine
22 |Read Community IP Press * or # to leave
Phone number of this
machine
23 | Read Prefix Number of Press * or # to leave

this machine

18.2.2 System Administrator

The system Administrator has a special password (the default password is 9999). You
can take the phone off hook and dial *O after the dial tone is heard or press the button on
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the rear panel of machine and then make a call to FXO port of this machine (no *0 or
password is required), you will hear the tone of “Du ..Du..” then dial 09 9999#, then hear
the tone of “Du..Du..” again. Now, the system management can dial the following item
numbers for management.

Attention: the button on the rear panel of the machine is for maintenance purposes.
Don't push it under normal conditions.

ltem

Description

Parameter

Remarks

40

Read internal IP Address

If under NAT, access to the
current internal IP address

41

Read Subnet Mask

If under NAT, access to the
current Subnet Mask

42

Read Default Gateway

If under NAT, access to the
current Default Gateway

43

Read Signaling Port

If under NAT, access to the
current UDP Port

44

Read the Global IP
Address

Access to the current Global
IP Address

45

Read Global Signaling
Port

Access to the current Global
UDP Port

50

Define Area Code

1~3 Digits ; from 1 to 999

Defines the Area Code that
the system is allocated

51

Define Phone Number

1~19 Digits of 0~9

Defines the telephone
number of the equipment

52 |Define PSTN CallDISA |0/1 If DISA answers the PSTN
Control 0 : Disable call
1: Enable
53 |Define IP Call DISA 0/1 If DISA answers the IP call
Control 0 : Disable
1: Enable
54 |Set IP Status 0/1/2 Configures the method to get
0 : Manual the IP Address
1: DHCP
55 |Define IP Address x : 1 ~ 3 Digits ; 0~255 Defines IP Address of own
XXXFXXXFXXXFXXX equipment
56 |Define Subnet Mask x : 1 ~ 3 Digits ; 0~255 Defines Subnet Mask of own
XXXFXXXFXXXFXXX equipment
57 |Define Default Gateway |x: 1 ~ 3 Digits ; 0~255 Defines default Gateway of
XXXFXXXFXXXFXXX own equipment
58 |Define Primary DNS x : 1 ~ 3 Digits ; 0~255 Defines Primary DNS Server
Server IP XXXFXXXFXXXFXXX IP of own equipment
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Item Description Parameter Remarks
59 |Define Secondary DNS |x: 1 ~ 3 Digits ; 0~255 Defines Secondary DNS
Server IP XXXFEXXXFXXXFXXX Server IP of own equipment

60

Define Dial Ending Time

1 Digit ; from0to 9

It is dial ending if no digits
are dialed before dial ending
time out. Default is 0 second
and the dial must be ended
by #. If the dial ending time is
defined and the dial is not
ended by #, system will wait
until dial ending time out.

61

Change Service Port

1:FTP>2:HTTP >
3 : Telnet
0~65535

Can configure the port
number of three kind
services.

62

Remote Management
Control (TCP)

01

0 : Disable
1 : Enable

Enables or Disables Remote
Management Control (FTP,
Telnet and HTTP (Web)

63

VAD control

01
O : Disable
1 : Enable

Default value of VAD is
Enable. When it is enabled,
the machine uses G.729AB
codec. This Codec use less
bandwidth. If this machine
connects to other machine
that use G.729A codec only,
please Disable it. Then this
machine use G.729A codec
to communicate with others
(use more bandwidth)

91

Not restricted by Barring
Table

You will hear the dial tone
again after dialing “91”. Any
numbers dial after above
process is not restricted by
barring table. System
manager uses this function
for checking and
maintenance.

92

Reset the password of
individual extension line

2 Digits ; from 11 to 26

When the user forgot the
password, user can ask the
system manager to reset the
password to default value
(blank)

93

Define an extension line
as Operator

2 Digits ; from 11 to 26

Enters the extension number
that will be Operator

94

Configure password of
phone set programming

4 Digits ; 0~9

Configures password of
phone set programming
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ltem Description Parameter Remarks
mode mode for this machine
95 |Configure Region ID 2 Digits ; 00~99 sets a different Region 1D
96 |Play the greetings 1 Digit ; from 1to 7 Enters the number of greeting
recode # stop to be played
97 |Reset to recover all 1/2 Returns all parameters to

parameters to default
value

1 : recovered by default
value

2 : recovered by default
value except IP

default value

98

Warm Restart

1/2
1: Warn restart
2: Cold restart

Executes Restart

99

Record Greeting records

1 Digit, from 1to 8

Records the voice record of
greetings, total 8 voice
records

DOC No.: 9171004901
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