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Chapter 1 the Introduction of PBX-I1P 2008

Overview of the PBX-IP 2008

The PBX-IP 2008 is a complete Asterisk Appliance with four Dual ports FXO or FXS modules. It is an
embedded open source Linux system with built-in SIP/IAX2 proxy server and NAT features. It provides a solid,
uniform platform for traditional PSTN communications as well as VolP communications.

Targeting for SOHO user and SMB market with an easy to use graphical interface, PBX-IP 2008 provides a
cost-saving solution on their telecommunication/data needs. With PBX-IP 2008, company with branch offices in
different countries can be easily combined together to work like a virtual single office through internet.

Features

Open Source Asterisk IP PBX

High performance OSLEC (Open Source Line Echo Canceller)
Configurable IVR menu Voice Mail,
Voicemail to Email Call forward,

Call waiting,

Call transfer

Call conference

Call queues, Ring group

SIP trunk, IAX trunk, PSTN analog trunk
Call Detail Record

Access via: SSH/telnet/web

Firmware upgradable via web page

50+ available SIP/IAX2 extensions

20 concurrent calls

Applications

SOHO/SMB telephony system
Hosted service

FAX terminal

IVR system

Interface

2 * RJ45 port

1 * Power port

1 * MMC/SD slot

8 * RJ11 port (FXS/FXO interchangeable)
4 * Dual port FXO/FXS module slot

1 * USB port

Hardware

CPU: 400MHz Blackfin 532 Chip
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Eight analog (FXO/FXS) module interface.
NAND flash 256 MB
SDRAM 64M

System
Open Source uClinux

Measurement and Weight

Inner box 225 * 120 * 30mm
G.W./unit 0.79KG

Carton MEAS 456 * 442 * 362 mm
Units per Carton | 21 units/ CTN

G.W./CTN 18 KG/CTN
Package
Item Quantity

PBX-IP 2008 |1
RS232 module | 1
Power Adapter | 1
Manual (disk) |1

For the usage of PBX-IP 2008 in VVolIP field, you can refer to the following network topology.
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Chapter 2 Access to the PBX-IP 2008

You need a PC to access to the PBX-IP 2008, there are four ways for you to access the PBX-IP 2008:

1. Web page access by browser

2. SSH access by putty

3. Access by browser with Fallback IP Address
4. Console port access by RS232 console cable

In order to access to PBX-1P 2008 by the first three ways, you have to check that if your network connection
between PBX-IP 2008 and PC is OK. If you do not have network connection between PBX-IP 2008 and PC, you
can try to use the last way to access to PBX-IP 2008 and change the IP address for IP-08.

2.1 Web Page Access by Browser

It is the most convenient and common way to access the PBX-IP 2008, you just need to open your browser and
input the IP address of PBX-IP 2008 WAN port (the default IP address is 192.168.1.100). You would better use
Firefox instead of IE, because there are compatible issues. Then input the default Username: admin; Password:
atcom (the password of old version is mysecret or could be also anselmex) in the presented screen like the
following:
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Please login

Asterisk™ Configuration Engine

Uzername:

Paszzword:

Ln,:inl

When you login successfully, you can get the configuration web page as below:

Upgrade ta ¥olFtel SE
Please click an & panel 1o

marage relsted fatures /' VolPtel
r

Upting + 0d:1d=67 up 10 nin, load wwarage: 0.0d, 0,08, 0.0%
Tranks

Username Faort/Hostname/ IP

Extengionsg
L L= ® nuivzilable

Extsnzion Hame Lahel Statuz
6730 Check Voicemails VoiceMaillain

= o Ertensicn assigmed Dial by Hames Directary

2.2 SSH Access by Putty

Logging into PBX-IP 2008 by SSH, you can configure PBX-IP 2008 by Linux command.
1) Please open your putty software, and input the PBX-IP 2008 IP address in the Host Name textbox,

input port number in the Port textbox, click the SSH Connection type, then click open button. Please refer to
the following screen:
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€ PuITY Configuration

Category:
=1 Session B asic options for your PUTTY session

L.Oggmg Specify the destination you want to connect to
=I- Terminal

Host Name [or IP address) Part
Keyboard
Bel 132168.1.100 22
Features Connection type:
—) Window (O Baw (O Telnet (O Rlogn &) 5SH ) Sernial
Appearance

Behaviour ]
Translation Saved Sessions

Load, save or delete a stored session

Selection
Colours
=~ Connection
Data
Prom=y
Telnet Delete
Rlogin
+-55H
Sernal

Default Settings Load

Save

Close window on exit: i
O Alway: O MNever (3 Only on clean exit

[ Open ] l LCancel ]

2) Please input username: root, and the default password: 12xerXes16 in the following screen, you can
access to PBX-I1P 2008 successfully.

£ 192.168. 1. 100 — PulTY
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When you log into PBX-IP 2008 successfully, you can get the following illustration:

£ 192.168.1.100 — PuTTY

login ot
r

oot .1.100's password:

BusvyvBox wl.4.1 (2010-05-06 01:01:49 EDT) Built-in shell (msh)

Enter 'help' for a list of built-in commands.

root:i~> I

2.3 Access by Browser with Fallback IP Address

This way only be supported by the latest version (PBX-IP 2008-0.3.6) of PBX-IP 2008. If you forget the IP
Address of PBX-IP 2008 you have set up, you can use the fallback IP Address: 172.31.255.254/30. Before
logging into PBX-IP 2008, please set up the IP Address of your PC: 172.31.255.253 and SubMask:

255.255.255.252. At last, you can open your browser and enter:172.31.255.254 to log into the web page of
PBX-IP 2008.

2.4 Console Port Access to PBX-IP 2008

If you do not have network connection between PBX-IP 2008 and PC, you can try to access to PBX-IP 2008 by
console port. Please try to do as the following steps:

1. Please connect the console port of PBX-IP 2008 to your PC’s console port with RS232 console cable,
you can refer to the following illustration:
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2. Please run your Hyper Terminal, and set up the console port like the following:

Bits per second: 115200
Data bits : 8

Parity: None

Stop bits: 1

Flow control: None

Change the IP Address by Hyper Terminal

The default IP address of 1P-08 is 192.168.1.100. Your network may have a different IP address range such as
192.168.10.xx. In this situation, you can not access to IP-08 by putty and browser if you do not change the IP-08
IP address. So you have to change the IP address for IP-08 by Hyper Terminal to make it in the same network
segment as your LAN.

After you have accessed to IP-08 by Hyper Terminal, please use the following command to change the IP
address for IP-08.

root:~> ifconfig eth0 192.168.1.151(the IP address you want to set for IP-08)
By this way, the IP address you set for IP-08 is temporary, it will recover to the original default IP address after

rebooting. If you want to give a static and permanent IP address for IP-08, you can try to set it in web GUI, for
detail steps please refer to chapter 3.
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Chapter 3 Configure PBX-IP 2008 by Web GUI

3.1 System Status

In the system status screen, it displays the functions you configured, such as: trunks, extensions, conference and
so on like the following screen:

ATCOM '

Uptine z 05:17:03 up 2 min, load average: 0.1& 0.08, O0.02
Please click ona panel to
manage ralatad featuras
PortfHostnameTF

193, 165, 1, 20
Fortz 2

[Contarence Eouns
5300
Bot an use

Extensions
@ e ® pusy @ Uiicailable @ Ringing
Extension Fame/Label Status Type
a0t goz o 1400 IR/ LA Oase
6002 v SIF Usar
003 Vess 00 SIF Tser
o cazazes ¢ [ snalog Uzer (Fort 43

3.2 Configure Hardware

In the configure hardware page, it includes the following components: analog hardware, tone region, advanced
settings.

Analog Hardware

When you boot the PBX-IP 2008, which will detect the FXO and FXS modules automatically, the analog
hardware component displays the modules which are detected correctly.

Tone Region

You should select the tone region according to your country, if it does not have your country’s name in the
dropdown list, please ask your service operator which kind of tone region is used in your area.

3.3 Trunks

To receive calls from PSTN and make calls to the outside world, you have to use trunk. Please select the
Trunks option from the vertical menu on the left of the main page, then you can get the following screen:
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Eanage Analog trunks

An alog Trunks Senvice Providers VOIP Trunks T1E1BRI Trunks

& Hew Analog Trunk

Trunks are outbound lines
used to allow the system to

make calls to the real world. .
Trunks can be YalP lines or No dnalog Trunks Defined.

traditional telephony lines.

3.3.1 Create Analog Trunks

Analog trunk is associated with FXO port, and it will call outside by PSTN line. Click on New Analog Trunk
in the illustration above, the pop-up screen is where you create and set up trunk.

Channels: [V]2
Trunk Name @ : trunk?

CallerID

Normally you should not have to adjust your analog ports beyond the initial Port 2 |Soft
calibration. Should you still need to fine tune your audio settings, please
uge the adjusiments at the right:

Advanced Options

Busy Detection (D : Yoz W Busy Count (D : 3
REing Timeout @ : 2000

Answer on Ho |» Hangup on
Polarity Switch (D & Polarity Switch (D 7

Call Progress @ H Ho v Progress Ione @ A
Use CallerID @ 3 Yes v Caller ID Start @ 3
CallerID @ : [ As Received (@ Pulse Dial @ :

CID Signalling @ : |DTHF (Denmarl, Sweden, Holland) W mailbox :

FIash Timing (AN 750 Reoeive Flash Tinine & |

@E:'::lcel | B Update |

There are many parameters for you to set up, | just set the following two parameters:

e Channels: select the FXO port you want to use. Here | use the port 2.
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e Trunk Name: a unique label to help you identify the trunk when listed in outgoing calling rules and
incoming calling rules. Here | use the trunk2 as my trunk name.

For the advanced options, you can put your cursor on the (:D label, you can get the information of the
parameter, customers have to set these parameters according to your service provider and your need.

3.3.2 VoIP Trunks

A VolIP service provider (VSP) that you have signed up with is also a trunk. Via the VoIP trunk you can dial via
the VolIP service to reduce your cost when making international calls. You can set up the VVoIP trunk to make
calls to the PSTN or other VoIP network depends on the service you use. You can also use the VolIP trunk to
link headquarter and branch offices for free internal calls. Click on New SIP/IAX Trunk, the following screen
is where you create and set up VolIP trunk:

Type: SIF »

Provider Nane @: |siptrunkl
Hostname : 192.168.1. 213
Username : 500
Fromuser :

Fromdomain :
Password : B00

Contact Ext.:

Insecure Type: very v‘ @®

(S Cancel B 4dd

The important parameters are:

e Type: You can select SIP or IAX type to meet your need.

e Provide Name: a unique label to help you identify the trunk when listed in outgoing calling rules and
incoming calling rules.

e Hostname: the IP address or domain name of your service provider’s server.

e Username: the username that your service provider configured.

e Password: the password that your service provider configured for the user.

3.4 Outgoing Calling Rules

Outgoing calling rules is used to route an outgoing call, when you make an external call, which trunk and what
dial-pattern the call used are configured in outgoing calling rules. Please select the Outgoing Calling Rules
option from the vertical menu on the left of the main page, then you can get the following screen:
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Calling Rules define dizing

pemnigsions and routing
nles:

o CallingRules defined |!

Click on New Calling Rule button on the illustration above, the following screen is where you create and set up
outgoing calling rule:

Calling Rule Name ® : outgoingl

Pattern 6) . _2%.

— [ Send to Local Destination @

Destination : |

Send thiz call through trunk:

Use Trunk @O

Strip ® 1 digits from front

and Prepend these digits @ before dialing

— [ Use FailOver Trunk ® E

fail over Trunk @ |

Strip @ digits from front

and Prepend these digits @ before dialing

G} Cancel ‘ Save

The important parameters | configured are below:

e Calling Rule Name: a unique label to help you identify the outgoing calling rule when listed in dial
plans, I use outgoingl as the calling rule name here.

e Pattern: it acts like a filter for marching numbers you dialed, here I set up _2X., it means any number
you dial out with prefix 2 will use this outgoing call rule.

e Use Trunk: select the trunk for outgoing calling rule, here | select the trunk2 | set up before.

e Strip: I press 1 here, it will strip the first number of the number string you dialed.

You can get the detail information about every single parameter by putting your cursor on the @ label.
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At last, please click on Save button, and click on Apply Changes button in up right corner of the main page.
The way of outgoing calling rules works:

Every time you dial a number, asterisk will do the following in strict order:

e Examine the number you dialed.

o  Compare the number with the pattern that you have defined in your first outgoing rule and if

e matches, it will initiate the call using that trunk. If it does not match, it will compare the number with
the pattern that you have defined in the second outgoing rule and so on.

e Pass the number to the appropriate trunk to make the call.

3.5 Dial Plans

A DialPlan is a set of Calling Rules that can be assigned to one or more users. Please select the Dial Plans
option from the vertical menu on the left of the main page, then you can get the following screen:

DialFlans %

A DialPlan is a sed of
Talling Rules’ that psn be
azzignad bo ora or mare

IETEN [ Ko IdalPlane defined !!

Click on New DialPlan button on the illustration above, the following screen is where you create and set up dial
plan:

DialPlon Hanc: DialPlami|
Include Cwtgoing Calling Rulee: [ outgaingl

Include Local Comtexts: [ datanlt Flparkedealle Feonforences [Hringerompe Fleoieenenue Flquense Flvoicenzilprowpe Fdirectory

S Cancal | | B Save

DialPlan Name: a unique label to help you identify the dial plan when listed in user component, you have to set
up a dial plan name and select outgoing call rule and local context that you want to use.

3.6 Users

Users component is used to add or remove Analog, SIP, IAX extension. Please select the Users option from the
vertical menu on the left, then you can get the following screen:

Uzer Extenzions on PEE &

Mo uzer= cceated !

Us=ers is a shartcul for
quickly adding and remming
all the recessary
configuration componants
for sy new phane.
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3.6.1 Create SIP/IAX User

Click on Create New User button on the illustration above, the following screen is where you create and set up

user:
- L Jil
General :
Extension: 6003 @ Fame: 6003 @ DialPlan: [DiatFlent v @
CallerID: 5003 @ OutBound CallerID: 6003 ®
[ Enable Voicemail for this User (D
¥oiceMail Access PIN code: @ Mailbox: 6003 (D Email Address: @
Techrnology
SIP [:D DIAK @ bMnalog Station: |Hone (W ® flash ®: rxflash @:

Codec Preference : First : wlay % | Second : G8M v | Third : Home + | Fourth :|Fome » Fifth :
Hone V|

WoIP Settings

MAC Address : @ Line Number : |1 W (D SIP/IAX Password: ®

NAT: @ Can Reirwite: [ @ DIMF Mode: |RFC21333 v @ insecure: wvery @

Other Options

O 3Way calling @ O 1In Directory @ O call Waiting @ O c11 @ Is Agent @ Pickup
Group: |1 v|

@-I’ana'l

B Update

In General component, you have to set up Extension, CallerID, Name, OutBound CallerID parameters, and
choose a DialPlan for the extensions. Here | set up user 6003, and select DialPlan1 for the user.

I select Enable Voicemail for this User option, so the user has voicemail function. In the Technology
component, you have to select SIP or IAX. Here | want to configure a SIP user, so | select SIP. For the Codec
Preference, only the first two types of code you set are available. In the Other Options component, | select Is
Agent which will be listed in Call Queues as a selectable member for call queue.

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.

3.6.2 Create Analog User

Click on Create New User button, the following screen is where you create and set up user:
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General : - 7
Extension: 6005 @ Name: 6005 ©) DialPlan: |DialPlent w| @
CallerID: 6005 @ OutBound CallerID: 6005 ®

Enable Voicemail for this User @

VoiceMail Access PIN code: @ Mailbox: 6005 O) Email Address: robert. ao@atcon. @®

Technology
Os1p @ [ 1ax @ Analog Station: |Port 4 ¥ ) flash (D: 750 rxflash ®:

Codec Preference : First : ulaw % Second : GSM | Third : Wome +| Fourth :|None | Fifth :
None +

VoIP Settings-

MAC Address : 6005 @ Line Nunber : 1 v @ SIP/IAX Password: ®

NAT: ©) Can Reinvite: ©) DTMF Mode: l -1 @ insecure: @

Other Options

O 3-Way Calling @ 0 in Directory @ [ cann Waiting CD [ c11 @ Is Agent @ Pickup
Group: 1 ¥

Cancel ] Update
S |

In the General component, you have to setup Extension, CallerlD, Name, OutBound CallerID parameters, and
choose a dialplan for the phone. Here | set up user 6005, and select DialPlanl for the user.

I select Enable Voicemail for this User option, so the user has voicemail function. In the Technology
componet, you have to select the port in which the analog phone will be plugged from the drop-down list of
Analog Station. | select Enable Voicemail for this User option, so the user have voicemail function.

In the Other Options component, | select Is Agent which will be listed in Call Queues as a selectable member
for call queue.

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.

Attension: in the textbox of Extension, the value you set is limited to a range, you can adjust the range in the
following screen to meet your requirement. Please select the Options option from the vertical menu on the left,
then you can get the following screen:
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General Preferences Language Change Password Factory Reset Rehoot Advanced Options

61obal OutBound c1p @ :
Operator Extension ® £ b

Ring Timeout CD ;20

Extension preferences:

User Extensions : G001
Conference Extensions : 6300
VoiceMenu Extensions : TOOL
RingGroup Extensions : G400
Queue Extensions : G500

VoiceMail Group Extensions : BAROO

Reset to defaunlts

®|:L:ll_".1 | |z Save

3.7 Ring Groups

Define Ring groups to dial more than one extension simultaneously, or to ring more than one phone
sequentially. This feature may also be called Hunt groups. Please select the Ring Groups option from the
vertical menu on the left of the main page, then you can get the following screen:

Hu BingCroups dafined |1

£3Rng Graup=

Diefine Ringgroupos 1o disl
morg than one exiension
simultaneously, o 10 ring
mare ihan ore phone
sequantially. Thiz featurs
Ay As0 be called
Huntgroups.

Click on New RingGroup button on the illustration above, the following screen is where you create and set up
ring group:
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RingGroup Name : ringzroupl
Extension for thisz ring group : 6400

Ring Group Nembers Available Users

£003 (SIF) 8003 it 8001 (SIF) 6001
B00Z (SIF) BO0Z BO01 (TAX2) BO01

— Ring Group Options :

Strategy : |Ring in Order

Seconds to ring each member 20

If not answered Goto |}la.ngup

Set the ring group name and extension for the ring group, select ring group members from available users. Select
strategy for ring group:

» Ring in Order: when someone calls the ring group, the ring group member will ring in order.

» Ring all simultaneously: when someone calls the ring group, all of the ring group member will ring at
the same time.

« If not answered Goto: choose a destination from the drop-down list, when no one in the ring group
answers the call.

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.

3.8 Call Queues

Please select the Call Queues option from the vertical menu on the left of the main page, then you can get the
following screen:
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Queues Agent Login Settings

s Craata Haw (uana

Ho Call Gueuss definsd !!

Call gueues allov calls to
be sequenced to one or
mora agents.

Click on Create New Queue button on the illustration above, the following screen is where you create and set
up call queue:

- Queue 6500

Extension : 6500 @ Name : queuel )
Strategy @ |ringall v @ Music On Hold : [defart w| @
LeaveWhenEmpty : {Strict v/ ©) ToinEmpty : |Wo v\ @

Queue Options:
TimeOut: 15 (D Wrapup Time: O @ Max Len: O @

[] @ auto Fill [ @ auto Pause [] @ Report Hold Time

KeyPress Events :  Nome v| ®

agents: @ [[6002 (6002)
V6003 (6003)

© Cancel | ] Update

Extension: a unique label to help you identify the call queue when listed in outgoing calling rules component.

« Agents: select the users which you want them to be queue member.

You can get information of other parameters by putting your mouse on the (D label. At last, please click on
Update button, and click on Apply Changes button in up right corner of the main page.

3.9 Voice Menus

Like most organization, we would like to redirect all of the incoming calls automatically. The voice menu is
very handy for these sorts of things. The system should allow callers to make the selection according to the
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voice menu.

Please select the Voice Menus option from the vertical menu on the left, then you can get the following screen:

Wlarus sllo far oo
efficient routing of calls from
incoming callers. Also
known &2 MR {Interactie
‘¥oice Response) menus or
Digilal Receptionist.

Click on Create New VoiceMenu button on the illustration above, the following screen is where you create and
set up voice menu:

Name: wvoicemenul Advanced Edit
Extension: T002 @

(D 411low Dialing Other Extensions

Actions @ Answer the call

Play 20046111556565.al & Donot Listen for KeyPress events
Goto User 6001

4dd new Step: |-- Select an Optien == W

(D £1low KevPress Events

Goto Operator
Goto RingGroup ringgroupl

Goto User 6001

Name: a unique label to help you identify the voice menu when listed in incoming calling rules.

« Add new Step: select an action from the drop-down list. | add three steps above, so it will answer the
call, and play a sound file, at last go to user 6001.

Click on Allow KeyPress Events: when the caller is in voice menu, they can press some specific numbers
which are defined here to enter other destination. Here | define three numbers for going to operator, ringgroup,
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and user respectively.

At last, please click on Save button, and click on Apply Changes button in up right corner of the main page.

3.10 Time Intervals

Time Intervals defines ranges of working time that will be used by call routing features. Please select the Time
Intervals option from the vertical menu on the left of the main page, then you can get the following screen:

Time Interval Hame

Tirne Intereals are defnad
ranges of Trne that will be
used by el routing
TeElLrEs.

Click on New Time Interval button on the illustration above, the following screen is where you create and set
up time interval:

Time Interval Name : fimeintervall

(%) By day of week

_Hon v to Fri v

() By Days of a Month

Date : Month :

Time: [ ] Entire Day

Start Time : 09:00 AM  End Time : O06:30 EM

@ Cancel | [ Update

« Time Interval Name: a unique label to help you identify the time interval when listed in incoming
calling rules. I set up timeintervall as time interval name.

« By day of week: I select it from Monday to Friday, the incoming call rule only works from Monday to
Friday.

e Time: | set up it from 09:00 AM to 06:30 PM, the incoming call rule only works from 09:00 AM to
06:30 PM.

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.
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3.11 Incoming Calling Rules

This is where the behavior of incoming calls from all trunks is being handled. When an incoming call from
PSTN or VolIP trunk is received, asterisk needs to know where to direct it. It can be directed to a ring group, an
extension, digital receptionist, voice menu or queue. For this purpose, Incoming Calling Rules need to be set up.

Please select the Incoming Calling Rules option from the vertical menu on the left of the main page, then you
can get the following screen:

Calling Roles W9

Trunk — ziptrumkl

| Time Interwal Pattorn Destination Sert

Trunk — trunk?

| Time Imterwal Destination

I Fulez
Creale, modify, prinilize
and delata incoming call
niles basad on Time
Interalz.

Click on New Incoming Rule button on the illustration above, the following screen is where you create and set
up time interval:

Trunk : |lru.r|l|:2 v |

Time Interwal : |timeintervall W

Pattern (D ]

Destination : |1r'oicelﬂenu == wolcemenul V‘

®Ean-:el | ¥ Update |

«  Trunk: select trunk for incoming call to use. | select trunk2 | set up before.

« Time Interval: determine the time when the incoming call rule works, I select timeintervall | set up
before.

« Pattern: match the destination number, | use S which will match any destination number.

« Destination: | select voicemenul, so the call will be ruled to voice menu.

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.

3.12 Voicemail

When you call someone who does not answer the call, you can leave a voice message for the called party if the
called party supports voice mail.

Please select the VVoicemail option from the vertical menu on the left of the main page, then you can get the
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following screen:

General Voicelail Settings

General Settings Email Settings for VoiceMails SMTP Settings

Extanizion for checking meszsgesz 5750

Darect Woicemail Dizl 6] : O
Max greeting (in seconds) @ =0

Dial "0° for Operator @ .

Nessare Options

- Maxinun neszages per Colder @ :|B5 =
General settings far

VRCE Max mezzage time @ s 2 minules ¥
Win message time (D 1 second

Click on General Settings button on the illustration above. You can see the following screen:

General Settings Email Settings for VoiceMails SMTP Settings
—

Extension for checking messages @ 6750

Direct Woicemail Dial (D : [
Max greeting (in seconds) @ : 30

Dial '0° for Operator ® :

Hessage Options
Maximum messages per folder @ : |25 W
Max message time @ : |2 minutes W

Min message time : [l second W

Playback Options

€

Say meszage Caller—ID @ H
Say message duration @ 3

Play enwvelope @ E

K O O

Allow users to review @ H

(& Cancel I ¢ Save |

Extension for checking messages: when you dial 6750, you will hear the voice message other people left for
you.

You can get information of parameters by putting your cursor on the @ label. If you want to set
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voicemail function for the user, you have to enable voicemail component when you set up a user. Please refer to
the following illustration:

General :
Extension: 6005 (@ Name: 6005 ® DialPlan: [DielPlent | @
CallerID: 6005 @ OutBound CallerID: 6005 @

_ Enable Voicemail for this User CD

VoiceMail Access PIN code: @ Mailbox: so05 @ Email Address: robert.ao@atcom. &

Techrnology

Ostp @ Orax @ Analog Station: |FPort 4 v: ) flash (D: TS0 reflash @:

Codec Preference : First :|u-law % Second :| GSM v| Third :|1Ione % | Fourth : Hone % | Fifth :
Home W

VoIP Settings

MAC Address : 6005 ® Line Musber : ll—v ® SIP/IAX Password: ®

NAT: @ Can Reinwvite: ©) DIMF Mode: | 0) insecure: @

Other Options

O 3-¥ey calling @ [ In Directory @ O call Waitinge ©® O c1iz @ Is agent D Pickup
Group: 1 »

@rCancel | ¢ Update

3.13 Conferencing

The conferencing function of Asterisk is similar to a Tele-conference call where multiple callers can call in and
participate in a two-way conference like in a party room where everyone can talk and listen to one another or
just to listen to a Tele-presentation.

Please select the Conferencing option from the vertical menu on the left of the main page, then you can get the
following screen:
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Nanaze Conference Roomz

4 Hew Confercmas Bridgs

Mo Conference rooms defined |1

Igethbe confarance brdsing
allows guick, ad-hoc
conferances with or without
SRCUniy.

Click on New Conference Bridge button on the illustration above. Below is what my conference configuration
age looks like:

Extension : BR300 @ Marked/&dmin user Extension :

Pazsword Options:

Pin Code: 123 @ Admin PinCode: 456 @

Conference Room Options:

@ Play hold music for first il @ Cloge conference when last marked user
caller exits

oo [ @

Enable caller menu Armounce callers

O oo

tuiet Mode Wait for marked user

®I:‘irl.:r:l | E Update |

Naturally there are some options that you may wish to have for the conference room. They are entirely up to
you. The main important things are for you to create the conference room number and the conference pin code
for you to know how to enter into the conference.

The rest of the fields are optional. You can get information of other parameters by putting your mouse on the

(D label.

This conference number is 6300, the Pin Code is 123 for common member, the Pin Code is 456 for Admin. So
you have to dial 6300 then, press the Pin Code, if you want to enter the conference. | enable the play hold music
for option and announce callers option, so the first member who enter the conference will listen to a music and
the online members will be informed when someone enter the conference.

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.
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3.14 Follow Me

If A calls B, B does not answer, the call will be transferred to C who is set up in follow me. Please select the
Follow Me option from the vertical menu on the left, then you can get the following screen:

Fallowhe Preferances for Users Faillo Bl Cptions

Follow He Fellow Ordec

Dizabled Mot Configured |
aonz Dizabled Fot Gontigured [Eait]
6003 Dizabled Fot Contigured [Rdi |
604 Dizahled Ror Configured [Edit]
A0 Dizahled Fot Contigured [Edit |

[Eait

600G Enabled G001

You can choose user for which you want to setup follow me function, Here taking the user 6006 for an
example, click on the edit button at the same line as 6006, you can get the following screen:

Status ® : O Enable @® Disable

"Music On Hold Class @ : | "]

piatPlan @ -

Destinations ® F

Add Followle Humber |

@IZ:amcel | M save |

Select the enable status, and click on Add FollowMe Number button to add a destination phone.
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Status @ : ® Enable O Disable

"Music On Hold' Class @ :

[v3

DialPlan @ : [DislPlani ¥

Destinations ® c

B001 (10 seconds) VI

NHew FollowNe Humber @ : ® Dial Local Extension ) Dial Outside Number

Dial Order ® F

5003 6003

(g004 BO04

BO0S B00S

5006 6006

v| for 30 Seconds

6001 8001
(k002 B0D0Z

r Trying prewious extension/muumber

g with previous extension/rumber

t Add|

Click on Dial Local Extension and select 6001. Click on Add button and click on Apply Changes button in up

right corner of the main page.

Through the above settings, someone calls 6006, but 6006 does not answer, the call will be transferred to 6001

automatically.

3.15 VoiceMail Groups

Define VoiceMail Groups to leave a voicemail message for a group of users by dialing an extension.

Please select the VoiceMail Groups option from the vertical menu on the left of the main page, then you can get

the following screen:
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Mo WoiceMail Groups definsd |1

Define “oicelMail Groups'to
leave a vicamall messags
for a group of uzers by
dialing an extznaian,

Click on New VoiceMail Group button on the illustration above. Below is what my VoiceMail Group
configuration page looks like:

VoiceMail Group’ = Extension: G600
Label: notice

User MailBoxes: [V]goos [¥]s006

®Ea.ru:el | V] Save |

From the above settings, | can dial 6600 to leave message for user 6005 and 6006.

3.16 Voice Menu Prompts

This component is used for recording custom voice menu. Please select the Voice Menu Prompts option from
the vertical menu on the left of the main page, then you can get the following screen:
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ATCOM

m Slalus Cuztom ¥oice Neou Prompts 9%

Rencrd 5 new Weirs Meru prengt | [Wplead s Veirs Meru pranpt

Mo cuctam Voice Memy prospts faumd £

You pan record a new VoicsMieno Frompt by clicking on the "Record a new Yoice Meno prompt ©
or click on the "Uplosd a Voice Meru pronpt’ butten to upload = custon woice nemn.

Record or Ugload custom
“oiceldeny grompls.

Click on Record a new Voice Menu prompt button on the illustration above. Below is what my Record a new
Voice Menu prompt configuration page looks like:

File Name: WelcomTodTCON

dial this User Extension to record a new voice
+ G001 »
prompt:

(O Cancel I— Record !

File Name: give a filename for the record sound file, here | give a name: WelcomToATCOM
Dial this User Extension to record a new voice: dial to a user, then the user pick up the phone and speak the
voice menu which will be recorded. Here | select 6001 | set up before.

Click on Record button, the asterisk will call to 6001, 6001 will show like the following:
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8 H-Lie

Incoming cal from:

asterisk

@& Answer 4R Ignore

Click on Answer button, then you call speak and start to record what you say. The following illustration will be
presented after you click on the Answer button.

& x-Lite

Talking to;
asterisk

Q:00:23

When you want to finish the record, please click on Hang up button.

Fucord @ mew Voice Beou pronpt | Vgload s Veice Mens prongt |

e T
1 WelcomTodTOON. gan Eecord Agzin Flay Delete

After you finish the recording, please refresh you webpage, and enter into voice menu prompts component
again, you can see you have had a sound file like the above.

3.17 System Info

From this component, you can easily get the basic system information, it includes:
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General Information:

System Information §

General Network Disk Usage Memory Usage

05 Version:
Linux IPOX 2.6.22.18-ADI-2008Rl1astfirn-avn #5 Thu Apr 29 23:10:13 EDT 2010 blackfin unknown

Optime:
05:04:05 up 13 min,
Load Average: 0.05, 0.18, 0.08

¥Verzion Details:

Asterisk/1.4.21.2

VoIPtel GUI wersion: 2.0.2-ce
Firmware version: atcom ce_ ip04-0.3.6

Server Date & TimeZone: Ved May 5 05:04:05 EDT 2010

Hostname:
IPOx

The latest version of PBX-IP 2008 is atcom_ce_PBX-IP 2008-0.3.6. You can see the version that you are using
from Version Details in the above illustration.

Network Information:

System Information (W]

General Network Disk Usage Memory Usage

ethl Link encap:Ethernet Hfaddr 00:09:45:76:89:78
inet addr:192 1658.1.151 Beast:192 168.1.255 Mask:255, 255, 255.0
UP BROADCAST RUNNING MULTICAST MTU:1500 Metrie:l
BX packets:122794 errors:0 dropped:0 overruns:0 frama:0
TX packets: 68843 errors:0 dropped:0 overruns:0 carrier:0
collisions:0 txquenelen: 1000
EX bytes:14130939 (13.4 MiB) TX bytes:31815783 (30.3 MiB)
Interrupt; 48

lo Link encap:Local Loopback
inet addr:127.0.0.1 Mask:255.0.0.0
UP LOOPBACK RUNNING MTU:16436 Metric:1
EX packets:2942 errors:0 dropped.0 overruns:0 frame:0
TX packets: 2942 errors:0 dropped 0 overruns:0 carrier:0
collisions:0 txquenelen:O

RX bytes:1272712 (1.2 MiB) TX bytes:1272T12 (1.2 MiE)

Disk Usage Information:
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System Information W

General Network Disk Usage Memory Usage
Disk Usage:
Filesvstem lk-blocks Uzed Awvailable Use% Mounted on
fdev/mtdblockD 14327 13874 453 97% /
Fdevimtdblock?2 253852 TE960 177992 30% /persistent

Memory Usage Information:

System Information N

General Network Disk Usage Memory Usage

Nemory Usage:

total used free shared buffers
Mem: 45928 41504 4424 0 812

3.18 Backup

Backup and Restore are two of the mandatory functions of any application. PBX-IP 2008 is no exception.
Customers can backup all the files under the /etc/asterisk/ directory and restore them.

Please select the Backup option from the vertical menu on the left of the main page, then you can get the
following screen:
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Eackup / Restore Configurations %

Lizt of Previous Configuration

Mo frevious Beckup configurations found !/

FPleaze click on the 'Create New Backup” butten
to tale a backup of the cutrent aveten comfigurstion

File Name:  backup_2010aprz6_115450

QCancel | & Backup |

« File Name: give a file name for the backed up file.

Click on Backup button, once the backup process is completed, you will see a screen with the backup filename
displayed in illustration below.

o Create HNew Baclop

List of Previous Configuration Backups :

1 backup_2010apr26_115450 Apr 246, 2010 Downlosd from Unit| Eeztore Previous L'onfig| M Delete |
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Backup itself is not useful if it cannot be restored, PBX-IP 2008 also has this function. This is a very simple
procedure. All you need to do is to click on the Restore Previous Config option.

3.19 Active Channels

The channels which are in communication status will be displayed in this component. Please select the Active
Channels option from the vertical menu on the left, then you can get the following screen:

AT

Br

COM

Charnel NManagement W

Befresh Fow

Calling Rules

Refreshing Active Charmels in 2 Secondsz

| WMo Charmelz Opsn ||

Tapd -1 Ip mdefined
Tapfd-1 Tp a1 Baed (F (ARG}, § ROWTINEF, FOTAIOPTIONE}) Trancfor
3.20 Options

This component is used for administrator to manage the system, it includes the following modules:

»  General Preferences
» Language

« Change Password

» Factory Reset Reboot
« Advanced Options
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General Preferences: you can set up a user to be the operator and the range of extension number for different
types’ extensions like the following screen:

General Preferences Language Change Password Factory Reset Reboot Advanced Options

Global OutBound cIp @ :

Operator Extension ® : |Uier 6001 »|
Ring Timeout ® ;20
Extension preferences:

User Extensions : 6001 +to 6299
Conference Extensions : R300 to R399
VoiceMerm Extensions : 700l +to 7100
RingGroup Extensions : G400 +o A493
Queue Extensions : 6500  +to 6599

VoiceMail Group Extensions : G600 +to BE9S

Rezet to defaults

©Cancel | | Save |

Language: change the sound file language in which they play.

General Preferences Language Change Password Factory Reset Reboot Aivanced Options

Change Password: it is used for customers to change the admin password, click on the Change Password
button, the following illustration will be presented below:

General Preferences Language Change Password Factory Reset Reboot Advanced Options

Enter New Password:

Retype New Password:

B Update
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After inputting your new password, please click on Update button, then click on Apply Changes button on the
up right corner of the main page.

Factory Reset: it will help you to recover to the default factory settings. Click on Factory Reset button, the
following illustration will be presented below:

General Preferences Language Change Password Factory Reset Reboot Advanced Options
Backup page.
Reset to Defaults

Please click on Reset to Defaults button to recover to default factory setting, then click on Apply Changes
button on the up right corner of the main page.

« Reboot: you can click on Reboot button->Reboot Now button to reboot your system.

+ Advanced Options: in default, PBX-IP 2008 web page hides several advanced options in the vertical
menu on the left, if you need to use them, you have to display the options by clicking on Show
Advanced Options in the following illustration:

General Preferences Language Change Password Factory Reset Reboot Advanced Dptions

Show Advanced Options |

After click on Show Advanced Options in the illustration above, you can see the advanced options in the
vertical menu on the left of the main page like the following:
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C] Options

Admin Settings.

3.21 Asterisk Logs

After click on Options—>Advanced Options—>Show Advanced Options, please select the Asterisk Logs
option from the vertical menu on the left of the main page, then you can get the following screen:

Asterisk Log messages % - B

Click on the textbox, you can get the following screen:

Asterisk Log messages
« April 2010
Mon Tue Wed Thu Fri Sat
1 2 3
9 10

16 17

23 X
30

You can see a date table, and you can select the log to watch by clicking on the date. After choosing the date,
please click on Go button, you can see the asterisk log of the day you choosed. Here | need to see the asterisk
log of April 21,2010, I click on 21 in the date table, I get the following screen:
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Asterisk Log messages ' [FARERSIN]

click on Go button, then | get the log in the following screen:

Asterisk Log mcssages 0 21 Apr 2010

[hpr 2l 03:44:50] WARFTAC[108T2] ehat_zap. o [gnoring incacurs
[hpr 21 03:44:29] WARFTAG[196T2] char_zap.
[hpr 2L 03:44:29] WARFIAG[196T2] chat_iap.
[hpr 2L 03:44:50] WARFIAC[19872] chan_sap.
[hpr 20 03:44:79] KAR¥THG[196T2] chan 1ap. oo Ienoring label

c: Ignoring =ignalling
c
a
c
[hpr £ 03:44:29] KARNTRG[19672] chan_rap. c: Ignoring linerunber
a
(]
=
a

. Ignoring macaddress
; Ignoring auntopeew

[hpr 2L 03:44:20] WARKIAG[19672] char_rap.
[Apr 2L 03:44:29] KARFTAG[I96TZ] cham_zap.
[Apr ZL 03:44:29] WARFIAG[196TZ] chan_rap. o Ignoring allow
[hpr 2L 03:45: 18] WARFIFG[19820] app_dial.o: Unabls e srasts chaznel of type "LAX2' (cause 3 - He ronts to destinetien)
[hper 2L 03:45:38] HOTICE[211] chan sip. e -= Begistration for “S002192.168.1 213 tined out. tryinz again [Attenpi #1)
[Apr 2L 03:45:40] KRRNTAGL19691] ast_exprZ fl. ast_wyerror () =yntax error. syntax errer, unexpacted '=', expecting $ernd; Imput:
[ipe 2L 03:45:40] WARKTIAG[19691] ast_oxpe? £1: If pou hews guestions, please refer to deefchenmelvariables. it in the actericlk cowree.
[hpr 2L 03:4A:08] KARFIAG[19691] app_dial.o: Tnable to ereste channel of type "IAX? (camze 3 - Ho route to destinstion]
[Apr ZL 03:4A: 28] WOTICE[Z11] chan_zip.e: == Hegistration for 'S00219Z.165.1. 213 tined out, trying again [Attenpt #2)
[hpr 2L 03:4T:18] WOTICE[211] chan_sip. e -- Begistratiem £or SO0B192.168.1.21% tined ouk, trying again [Attenpi ¥3)
[hper 2L 03:47:48] KAR¥TAGI211] chan =ip. c: Maximum retries ezceeded on tran=mission 2430B20327TO04-200421191943612192. 168.1. 3 for seano 1 [Critical Besponse)
[hpr 2L 03:4T:48] KARNTAG[Z11] chan sip. o Nanging up call 243062052TTH04-Z004211919435101592 165, 1.3 - no reply to owr critical packet.
[hpr 2L 03:45:08] WOTICE[Z11] chan_sip. a: -— Hogictration for 'SO0R192.163.1 213" tined out, trping again [Abtenpi #4)
[hpr 21 03:45:58] WOTICE[Z11] chan_sip.c: -- Hegistration for ‘S002192.165.1 215 tined out, trying again [Attenpi #5)
[Apr ZL 03:49:46] WOTICE[Z11] chan_zip.e: == Registration for 'S00219Z.165.1. 213 tined out, trying again [Attenpt #8)
[Ape 21 03:50:26] WOTICE[211] ehan_zip. = -— Begistratieon for 'SODZ192 1621 21% tined out, trying again (Attenpi #7)
[hpr 2L 03:51:268] HOTICE[211] chan sip. e -= Begistration for “S002192.168.1 213 tined out. tryinz again [Attenpi #8)
[4pr 2L 03:52:16] WOTICE[Z11] chan_sip. c: -— Begistration for 'SO00219Z.183.1 213" tined out, trying again [Attenpi #2)
[hpr 2L 03:5%08] WOTICE[211] chan_szip. e -- Bagistraticn for *SO0RISZ. 165.1 21% tinod out, trping again [Attenpi #10]
o 1
[} 1
a 1
c 1
C 1

. Ignoring £lazh
: Ignoring disallew

=

[Ape 2L 03:53:56] WOTICE[211] chan sip. e - Hegistration for ‘SO0R192. 1E5.1 Z13 tined out. trwing again [Attenpi #11]
[Apr ZL 03:54:46] WOTICE[Z11] chan_sip.c: -= Registration for 'S00219Z.165.1. 213 tined out, trying again [Attenpt #1Z]
[hpr 2L 03:55:36] HOTICEI[211] chan_zip. e  -- Bagistraticnm £or 'SO03192.168.1. 21% +incd out, trping agein [Attenpdi #13)
[hper 21 03:56:26] WOTICE[211] chan sip. e -= Hegistration for "SO002192.1E3.1 213 tined out, trying azain [Attenpi #14]
[4pr 2L 03:5T:168] WOTICE[Z11] chan_sip. c: -— Begistration for 'SO00219Z.183.1 213" tined out, trying again [Attenpi #15)

3.22 Bulk Add

Using bulk add, you can add multi-users one time. You can define the number of the users you want to create.

After click on Options—>Advanced Options—->Show Advanced Options, please select the Bulk Add option
from the vertical menu on the left, then you can get the following screen:

Dulk Add &

Create New users from TS5V list Create 2 Range of new USers

Click on the Create a Range of new users button in the illustration above, the following screen is where you
create bulk users.
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Create New users from CSV list Create a Range of new users

Create Tzers Starting from Extension G100

Create Users

Tip: Use the "Modify Selected Users’ button from the Users page to edit any options for the
created uszers.

Here | want to create five users, and the extensions starts from 6100, so | select 5 in the Create drop-down list,
and I set 6100 in the textbox of User Starting from Extension.

‘4R nttp://192.168.1.151/

Users added
Click Ok to reload GUL

At last, click on ___@L__i % button in the pop-up screen, then click on Apply Changes button on the up
right corner of the main page. Please select the System Status option in the vertical menu on the left of the main
page, you can see you have added five users: 6100, 6101,6102,6103,6104.

3.23 File Editor

After click on Options—>Advanced Options—>Show Advanced Options, please select the File Editor option
from the vertical menu on the left, then you can get the following screen:

File Editor W@

From the drop-down list of config files, you can select the file you want to edit or read.
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File Editor W users. conf

Config Files
extensions. conf
followme. conf
meetme. conf
users. conf
ztscan. conf
zapscan, cont
asterisk conf
quenes, conf
applyzap. conf
guipreferences. conf
re_org. conf
logger. conf

zip. conf

enum. conf
musiconhold. conf
dnsmgr. conf

rtp. conf
1axprov. conf
sip_notify. conf

Here | select users.conf file, so | can see the file and edit to meet my requirement.

File Editor W users, conf

users.conf | Add Context

[500]

[6001]

[6004]

[€005]

[6006]
[general]

[trunk_1]

3.24 Asterisk CLI

These are some of the available CLI commands that can be executed from the console, you can input the asterisk
CLI commands from the web page directly.

After click on Options—>Advanced Options—>Show Advanced Options, please select the Asterisk CLI
option from the vertical menu on the left, then you can get the following screen:
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=

Command’help

abort halt

agent logoff
agent show

agent show online
agi debug

agi debug off

agi damphtml

agl show

edr status

core set debugz chanmel
core set debug

core set debug off

Execute a shell command

Cancel a running halt

Sets an agent offline

Show status of agents

Show a1l orline agents

Enable AGI debugging

Disable AGI debugging

Dumps a list of agl commands in html format
List AGL commands or specific help
Display the CDR status
Enable/disable debuzginz on a chanmel
Set lewvel of debug chattiness

Turns off debug chattiness

Here | input help command in the textbox, so I can get all the command which | can use in CLI mode.

3.25 Network Settings

In order to give a static and permanent IP address for IP-08, you have to set it in web GUI. After you enter into
the web GUI of IP-08, you can try to configure IP address according to the following steps:

After click on Options—>Advanced Options—>Show Advanced Options, please select Network Settings
option from the vertical menu on the left of main page, the following screen is where you configure the network:

DHCP:  auto
Hostname: IPOB
Domain:
IF address: 192, 168.1.151

Subnet mask:

290, 290, 295. 0

Gateway: 192.168.1.1
DNS: 192.168.1.1
NIP: pool.ntp. org

In the drop-down list of DHCP, you can see the following three options:

1. DHCP: yes: PBX-IP 2008 will obtain the dynamic IP address from your router.

2. DHCP: auto: PBX-IP 2008 will use the static IP specified below and ping the default gateway.When
there is no response from the default gateway, the IP-08 will switch to dynamically obtain the IP
address from your router.
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3. DHCP: no: PBX-IP 2008 will use the static IP address set below.

If you want to get static and permanent IP address, please do not select “yes”, after configure other parameters,
please click “save” in the bottom of your page to save your setting.

3.26 Firmware Update

You can update to the latest version for PBX-I1P 2008 by TFTP.
3.26.1 Download the Latest Firmware File and Set up TFTP Server.

1) Download the md5 file from

http://www.atcom.cn/downloads/index.php?folder=SVBQQIgvZmlybXdhcmU=, then put it in your TFTP
server root directory.

2) Run your TFTP server, and | set up it like the following:

‘- Tftpd32 by Ph. Jounin

Current Directory |E:\upgrade Browse

Server interface {192 1621 111 Show Dir
Thp Server I Tftp Client | DHCP server | Syslog server ]

-

Current Achion Liztening on port BS

About Settings

“E:\upgrade” is the root directory of my TFTP server, “192.168.1.111” is the IP Address of my TFTP server.

3.26.2 Update for PBX-IP 2008 from Web Page
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After click on Options->Advanced Options—>Show Advanced Options, please select Firmware update
option from the vertical menu on the left of main page, the following screen is where you update for PBX-IP
2008:

— Download image from a :

O HITP URL &) TFTP Server
TFTP Serwer : ﬂ
File Name (D !

Reset Configs

OF

TFTP Server: enter the IP Address of your TFTP server in this textbox.
« File Name: enter the update file name
« Reset Configs: if you choose reset Configs, it will delete all of your configuration you have done
before.

After setting up, please click on Go button to update for PBX-1P 2008.

Power off and power on the IP-08, wait for several minutes. When the TEL port LEDs light up, it means the
update is finished and you have the latest firmware.

3.27 Call Detail Records

This component provides the record of all incoming and outgoing calls including the channels used and duration
of calls. After click on Options—>Advanced Options—>Show Advanced Options, please select the Call Detail
Records option from the vertical menu on the left, then you can get the following screen:

COR Viewer (CDR-CSW)

DR viewer << prev next>>
Tiewisg 1-25 of 307

pecent Tlrs

Sur:o]]ll.n‘lnnn at. Condexi
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You can click on the prev to look up the last page for call record, and click on the next to look up the next page
for call record, you can also set the value from the drop-down list of view which means how many calls will be
displayed in one page.

Chapter 4 an Application Case of PBX-IP 2008

IP Address:
192.168.1.10 ~ _-

] IP
Address:172.16.1.2
Extension: 6020

Teléfpno °
5520

WAN: IP
dd:172.16.1.1

Teléfono IF Teléfono IP
5520 5520 v
IP Address: IP Address: IP Address:
192.168.1.3 192.168.1.8 192.168.1.20
Extension:; 6001 Extension: 6030

Extension: 6005

Figure: Network Topology In the network topology above: user 6020 and user 6001 will be registered to PBX-
IP 2008, user 6030 will be registered to 1P04, analog phone 6005 is connected to FXS port of PBX-IP 2008.
After configuration, it will realize the following function:

1)
2)
3)
4)
5)

6)

The internal user 6005 and user 6001 can call each other directly.

6005 and 6001 can dial-out through PBX-I1P 2008 to PSTN.

6005 and 6001 can get incoming calls from PSTN by PBX-IP 2008.

6030 can call-out to PSTN and get incoming call from PSTN through 1P04.

User 6001 and 6030 can call each other through VolIP trunk, although they are registered to different IP
PBX.

User 6020, 6005 and 6001 can call each other directly, although they are not in the same network
segment.

4.1 How to Make Internal Calls through PBX-IP 2008
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4.1.1 Access to the Web Page of PBX-IP 2008 by Browser

After connecting PBX-IP 2008 to LAN, please open your browser of PC with windows OS and input the IP
Address of PBX-IP 2008 (the default IP address is 192.168.1.100), then you can get the following screen:

ATCOM

Please login

Yelcome to YolIPtel CE

Asterisk™ Configuration Engzine

Username:

Password:

Lo;u\l

Please input the default Username: admin; Password: atcom in the presented screen above. When you login
successfully, you can get the configuration web page as below:

ATCOM

Flesse click on a psnel o

marage relaied fatures f{.' VolPicl

Tpting ¢ 0d:14:5T up 10 min, load weersge: 004, 0.0, 0.02
Trunks

Fername Port/Hostname,/ IP

Extensiong
@ 3oy @ Orv=ilable

4.1.2 Add up Users from Web Page of PBX-1P 2008

1) Add up a DialPlan Before you add up user, you have to add up a DialPlan, please click on Dial
Plans—>New DialPlan, 1 add up a DialPlan like the following:
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DialPlan ¥ame: DialPland

Include futgoing Celling Rules: Ten do met hase arg calling Foles defined |

click hera to nanazs celling rules.

Includs local Contexts! [ default [lparkedealls Flconferemces [ ringgrovps Mluvcicensnus [#quenss Mlvcicensilgroups directory

BCemcel | |l Save

After configuring, please click on Save button, and click on Apply Changes button in up right corner of the
main page.

2) Add up SIP user 6001

After logging into the web page of PBX-IP 2008, please click on Users—> Create New User, | configure user
6001 like the following:

General :
Extension: /001 ® Hame: 6001 ® DialPlan: |DialPlant ¥ @
CallerD: 6001 (@ OutBound CallerID: 6001 ®

Enable Voicemail for this User @

VoiceMail fccess PIN code: (@ Mailbox: BO01 @ Email Address: @
— Technology
V] s1P @ V] 1ax ® Analog Station: |None v @ flash @: rxflash ®:

Codec Freference : First :|u—1m\- v| Second :|GSI'|| % | Third :|None %  Fourth :|None % Fifth :
Hone %

VolIP Settings

MAC tddreszs : ® Line Number : |1 v| (D SIP/IAY Password: ®

HAT: @ Can Reinwite: [ (D DTMF Mode: |RFC2833 v| @ insecure: very |V ®

Other Options

O 3-¥ay Calling @ O In Directory @ [ Call Vaiting @ O c11 @ @ 15 agent @ Pickup
Group: |1 W

® Cancel I [E Update |

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.
3) Add up an Analog user 6005

After logging into the web page of PBX-IP 2008, please click on Users—> Create New User, | add a user 6005
like the following:
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Jser Extension G00E

— General :
Extension: (005 @Hame: BO0OS @® DialPlan: DialPlanl @
CallerID: 6005 (@ outBound CallerID: 6005 0

Enable Voicemail for this User (D

VoiceMail Access PIN code: @ Mailbox: 6005 (D Email Address: robert. ac@atcom. ®

Technology

Os1p @ O 1ax ® bnalog Station: |Port 4w @ flash ®: Tan rxflash ®:

Codec Preference : First : Second :|GSM % Third :|Wome % | Fourth : None % Fifth :

Hone W |

WoIP Settings
MAC Address : B005 @ Line Humber : |1 v| ©) SIP/IAX Password: @

HAT: @ Can Reinwvite: @ DTNF Mode: @ insecure: @

Other Options
O 3Way Calling @ In Directory @ [0 Call Waiting @ O c11 @ Is Agent © Pickup

Group: |1 |¢

@ Cancel | IE Tpdate |

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.
Please pay attention to the Technology component, there is an Analog Station drop-down list, | choose port 4
in which port the analog phone plugs.

4.1.3 Register a SIP user 6001 in AT610

After logging into the web page of IP Phone AT-610, please select VOIP option, | register the 6001 as the
following illustration:
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IP Phone

ATCOM

Current Status MNetwork ¥OIF Advanced Dial-peer Config Manage Update System Manage

Public SIP Configuation

Basic Satting

Register sfalus Ragistared Prowy Sarver Address | |
Batvar Address 182168110 Proiy Sarmt Fort [ |
Serar Port 5060 Proky Usemame [ |
Accaunt Name: 6001 Priaky Pagssvwang

Pagswiond = | Diomain Realm [ |
Fhaone Mumber [ifilikd Enahle Repister =

Digpiay Matme 5001

PPPLY

Aifvanced Set

After configuring, please click on the APPLY button. Now you can call each other directly between user 6001
and 6005.

4.2 How to Make a Call to Outside through PSTN

In order to dial out to PSTN with PBX-IP 2008, you need an analog trunk, an outgoing calling rule, a dial plan
and a user. Here | will give the simple configuration steps which show how to make a call to outside, for detail
configuration, you can refer to chapter 3.

4.2.1 Create an Analog Trunk

After logging into the web page of PBX-IP 2008, please click on Trunks—> Analog Trunks, | configure an
analog trunk like the following:
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Charmels: 2

Trunk Name @ T trunk?

CallerID :
Normally wou should not have to adjust your analog ports bevond the initial

calibration. Should you still need to fine tune your audio settings, please
uge the adjustments at the right:

Port 2 |Soft v

Advanced Options

Busy Detection @ : |Yes V| Busy Count @ : 3
Fing Timeout @ 3 2000
Inswer on Ho & Hangup on Ho &
Polarity Switch (D 3 Polarity Switch (D 3 .
Call Progress O] : [Ho v Progress Zone @ : |CA ¥
Use CallerId @ : [Yes ¥| Caller ID Start @ ; [Ring ¥|
CallerID @ : | As Received ¥ Pulse Dial @ : [Ho |
CID Signalling @ : [DTMF (emnark, Sweden, Holland) % mailbox : v
Flash Timing @ . 750 Receive Flash Timing ® : 1250

) Cancel | ] Update ‘

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.

4.2.2 Create an Outgoing Calling Rule

After logging into the web page of PBX-IP 2008, please click on Outgoing Calling Rules=> New Calling Rule,
I configure an outgoing calling rule like the following:
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Calling Rule Nane @ ; ocutgoingl

Pattern & : _Z2E.

[] Send to Local Destination ®

Destination : |

Send this call through trunk:

Use Trunk @

Strip @ 1 digits from front

and Prepend these digits @ before dialing

[ vse Failowver Trurk @ E

fail over Trunk (D

Strip 6, digits from front

and Prepend these digits @ before dialing

@Ifzmcel | ] Save |

At last, please click on Save button, and click on Apply Changes button in up right corner of the main page.

4.2.3 Create a Dial Plan

After logging into the web page of PBX-IP 2008, please click on Dial Plans=> New DialPlan, | configure a dial
plan like the following:

DialPlen Nane: DialFlanz
Include Oitgoing Calling Rules: ] potgadngl
Includs local Cortexts: []geranit [Flparkedealls [ comferences [l ringpronps [Mlinicemenus [ quenes Flendcenailgroope ¥ diractory

@ Canesl | [ 3am

At last, please click on Save button, and click on Apply Changes button in up right corner of the main page.

4.2.4 Create a User

I will use the user 6001 I created before, here | need to reselect a dial plan for 6001, here | need to use
DialPlan2, so | select DialPlan2 in the DialPlan drop-down list. Now I can call out with prefix 2, if the caller
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number is 10086, I will dial 210086.

4.3 How to Get an Incoming Call from outside

In order to get an incoming call from outside with PBX-IP 2008, you need an analog trunk, an incoming calling
rule, a destination (here 1 use IVR). Here | will give the simple configuration steps which show how to get an
incoming call from outside, for detail configuration, you can refer to chapter 3.

4.3.1 Create an Analog Trunk

| use the trunk?2 | created in 4.2.1

4.3.2 Create an Incoming Calling Rule

After logging into the web page of PBX-IP 2008, please click on Incoming Calling Rules> New Incoming
Rule, I configure an incoming calling rule like the following:

Trunk : | trunk? W

Time Interwal : |Hone (no TimeInterwals matched) 'V|

Pattern @ i |8

Destination : |‘ﬂ'oice|ﬂenu -= iwvr V|

®I:a.n-:&l | ] Update |

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.
4.3.3 Create a Voice Menu

After logging into the web page of PBX-IP 2008, please click on VVoice Menus—> Create New VoiceMenu, |
create a voice menu like the following:
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Name: volcemenul @® Advanced Edit
Extension: T00Z (D

(D Allow Dialing Other Extensions

setions @ Answer the call (VEA
Play recordielcomToATCOM & Donot Listen for KeyPress events (VI
Goto User 6001 R
Add new Step: |—— Select an Option — &
(D Allow KeyPress Ewvents

o —

1 Goto User 6001

2 Goto User 6005

When the call comes from port 2, the system will play a record sound file, if the caller presses 1, user 6001 will
ring, if the caller presses 2, user 6005 will ring. If the caller does not press any key, the call will go to 6001. You
can also configure 1P04 to let 6030 call outside and get incoming call by 1P04, the steps are the same as PBX-IP
2008, you can refer to configuration of PBX-IP 2008.

4.4 How to Call Each Other Directly from Different Network Segment.

Take the user 6020, 6005 and 6001 for example, | will configure router, users and PBX-IP 2008, then the three
users can call each other directly.

1) Set up router

From the web page of your router, please configure the IP address, subnet mask and default gateway of WAN
port, | configured a static IP Address 172.16.1.1; Subnet Mask: 255.255.0.0; Default Gateway: 172.16.1.254.
You can refer to the following:
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LINKSYS®

A Division of Cisco Systems, Inc.

Setup

Internet Setup

Internet Connection Type

Optional Settings
{required by some ISPs)

Setup Security
Basit Setup |

| Static IP

IP Address:
Subnet Mask:
Default Gateway:
Static DNG 1:
Static DNS 2:

Static DNS 3:

Host Mame:

Dormain Mame:

MTU:

Etherfast® Cable/DSL Router

Applications
& Gaming
DDNS | MAC Address

Administration Status

C _'IIt‘l

3
|l?2|..16..|l |..l
[2ss].[zss]. [0 |.[0 |
172 16 | [1 ] [z54]
o .o ].[o]
o |fo Jlo ]
o Jlo Jlo |

|| EEE

OEnable @ pisable Size: |1492

From the web page of your router, please configure the IP address, subnet mask and DHCP, | configure them

like the following:

Network Setup
Router IP

Network Address
Server Settings (DHCP)

Local IP Address:
Subnet Mask:

Local DHCP
Semer

Start IP Address:

Mumber of
Address:
DHCP Address
Range:

Client Lease
Time:

WINS:

1192‘. |168] .|l J 1254

255.255.255.0 v

@ Enable O Disable
192.168.1.[1 |

|254|

182168.1.1 10 192.168.1,254

0 minutes (0 means one day)

b .o ][ ][

Save Settings Cancel Changes

Firmware Yersion: 1,05.00

BEFSR41V3

Advanced Routing

Basic Setup

The ]
where hasic

settings
from your

Completing the Internet
all thatis
regquire [
cific ISP.
the table below to
the Router for your Intarnet
connection.

From the webpage of your router, please configure port range forwarding like the following:
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LINKSYS'

A Division of Cisco Systems, inc. Firrmwware Version: 1.05.00
Etherfast® Cable/DSL Router BEFSR41V3
Applications | | : . :

& Gamlng Setup Security Applications Administration Status
& Gaming

Port Range Forwarding | Port Triggering | IPnF Forwarding |
Port Range Forwarding

Port Range Forwarding Port Range Forwarding can
be used to setup public

Port Range avices on your netwark.
fram the

Appicalion| start | End ‘Plotocoll IP Address  [Enabled emet make certain

Iz | 4569 | to [4ses | [Both v| 192.188..10

[Both »| 19216810 O

The user 6020 uses IAX2, the port number is 4569, 192.168.1.10 is the IP address of PBX-IP 2008.
2) Add an IAX user 6020 in PBX-1P 2008

After logging into the web page of PBX-IP 2008, please click on Users—> Create New User, | configure 6020
like the following:
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General :
Extension: 6020 () Name: 6020 ® DialPlan: |DislFlanl v | @
CallerID: £020 @ OutBound CallerID: 6020 ®

[ Enable Voicemail for this User G}

Voicela1l Access PIN code: @ Mailbox: 6020 @ Email Address: ©)
Technology
¥ls1p @ [ 1ax @ Inalog Station: [Wone v ® flash (D: rzflash (D:

Codec Preference : First : ulaw %| Second :|GSM % | Third :|Home | Fourth : None | Fifth :

Hone &

— WolIP Settings
MAC Address : @ Line Number : |1 ¥ @® SIP/IAY Password: 6020 @

HAT: @ Can Reinvite: [ (D DTMF Mode: EFC2833 v| (D insecure: @ very ¥ ®

— Other Options
[] 3-Way Calling @ [ In Directory @ [ Call Waiting ® [0 cr1 @ Is Agent @ Pickup

Group: |1 |»

@I:a:nca_l I IE Update |

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.
3) Set up AT-620 and register an IAX2 user 6020

After logging into web page of IP Phone AT-620, please select Network option to enter the screen of

configuring IP Address. | set up a static IP Address: 172.16.1.2; Netmask: 255.255.0.0; Gateway: 172.16.1.254.
After finishing the configuration, please click on the Apply button. You can refer to the following screen:
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P, IP Phone
ATCOM
Current Status Network VOIP Advanced Dial-peer ConfigManage Update System Manage
VWAN Status
ACthE IR 172161.2
Current Nefmask 25525500
Curre nt Gatewsy 172161254
Wac Addrass 0009 4556 10 Ca
Get A Time 20050815
WNAR Seding
atatic & ppPoE &
(Ao DNE
Static IF Address 1721612
Wedmask FHE 5500
Ciateway F2161.354
CikE Domain
Prifmaty DRS 202961341332
(Aler OHE 2029612288
Please select the VOIP option, then select the IAX2 option, | register the IAX2 user 6020 as the following
illustration:

. IP Phone
ATCOM

Current Status MNetwork YOIP Advanced Dial-peer Cenfig Manage Update System Manage

AN

Reqster Status Reglsiered

LAX2 Sever Addr 172461 1

LA Server Por 4569

Pocount Mame Bo2n

Aceournt Fassword

Fhone humber G020

Local Fort 4659
oice Mail Mumber ]
Vol e Mail Tedt il

Ethn Test Mumier 1

Echo Tast Text echo

Refresh Time &l Seconds

Enable Regizler [l

Enzhle 0729 "1

After configuring, please click on the APPLY button.

Attention: here you must register I1AX2 user instead of SIP user, because the user 6020 is not in the same
network segment as PBX-IP 2008. If you use SIP user, you can not get sound when the communication is
established. Now you can call each other among 6020,6001 and 6005 directly.

4.5 How to Call through VoIP Trunk
4.5.1 Call from PBX-IP 2008 to P04
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In order to call from PBX-IP 2008 to 1P04, | will create a SIP user in P04 for the SIP trunk in PBX-IP 2008,
create a SIP trunk, an outgoing call rule and a dial plan in PBX-1P 2008.

1) Add an SIP user 6035(it will be used as SIP trunk in PBX-IP 2008) in IP04, after logging into the
web page of 1P04, please click on Users—> Create New User, | add the user 6035 like the following:

Jze Lxt ension fill 35

— General :
Extension: GO35 @Hane: BO35 @ DialPlan: vl @
CallerID: 6035 @ OutBound CallerID: 6035 @

[] Enable Voicemail for this User @

Voicelail Access PIN code: @ Mailbox: 6001 @  Email Address: @
— Technology
[ s1P @ M1ax @ Inalog Station: (Hone | @ flaszh ®: reflash @:

Codec Preference : First 1 wlaew % Second : GSM vj Third : Fome +| Fourth : Fone | Fifth :

Hone

— VoIP Settings

MAC Address ® Line Number : |1 | @® SIP/IAX Password: 6035 @

NAT: @ Can Reinvite: [ @ DTMF Mode: |EBFC2833 v @ insecure: wery ¥ ®

Other Options

O 3-¥ay Calling @ [ In Directory @ [ call Waiting @ O c11 @ O 1s sgent @
D Enable Call EKecord ® Piclup Group: 1 v|

@Fanp'l

B Update |

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.
Add a SIP user 6030 in IP04 for AT-620, the way is the same as adding 6035.

2) Add a VolP trunk in PBX-IP 2008, after logging into the webpage of PBX-IP 2008, please click on
Trunks>VOIP Trunks>New SIP/IAX Trunk, I configure a SIPtrunkl like the following:

Agricultura 111 Piso 1, Colonia Escandoén, C.P 11800 México DF 55 52714421, 52774459, 52719163
Fax: 52718216. ventas@ansel.com.mx

\____’M
~—/



- —— |

COMMUNICATIONS

Provider Nane @ siptrunkl
Hostname : 192.168.1.20
Username : G035
Fromuser :

Fromdomain : RA035
Password : 6035

Contact Ext.: s

Inzecure Type: 've-ry v @

Codecs : First : |u-law V| Second : |a-1aw v | Third : |GSM v

Fourth : |6 726 » Fifth : |Hone “

CallerID ® .

[0 Enable Remote MWI :

QCancel | |4 Add |

After configuring, please click on Add button, and click on Apply Changes button in up right corner of the
main page.

3) Create an outgoing calling rule in PBX-IP 2008, after logging into the webpage of PBX-IP 2008,
please click on Outgoing Calling Rules>New Calling Rule, | configure an outgoing?2 rule like the following:
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Calling Rule Name @ : outgoing2

Pattern ® : [_9.

[] Send to Local Destination @

Destination : A

Send this call through trunk:
Uze Trunk (D siptrunkl %

Strip @ 1 digite from front

and Prepend these digits @ before dialing

— [ Use Failower Trunk (D F
fail over Trunk @

Strip @ digits from front

and Prepend these digits 6 before dialing

() Cancel | [ Save |

After configuring, please click on Save button, and click on Apply Changes button in up right corner of the
main page.

4) Create a dial plan in PBX-IP 2008, after logging into the webpage of PBX-IP 2008, please click on
Dial Plans->New DialPlan, I configure a dialplan2 like the following:

DialFlan Nam=: [ialPlan?

Inelude Ouwtgaing Calling Fulss: [Fontgoingl [outgoing?
Include Local Contexts: [¢]gefam]t Enark:dcalls [l comt erences Elrmzzroups [#lsroicemenz @uucucs wicmilgruuns d:l'rcctcll’.?

S lwesl | A Sare

After configuring, please click on Save button, and click on Apply Changes button in up right corner of the
main page. In configuration screens of 6001 and 6005, please select dialplan2 in the DialPaln drop-down list
Now you can call from 6001 and 6005 to 6030 by dialing 96030

4.5.2 Call from 1P04 to PBX-1P 2008

In order to call from P04 to PBX-IP 2008, | will create a SIP user in PBX-IP 2008 for the SIP trunk in 1P04,
create a SIP trunk, an outgoing call rule and a dial plan in IP04.
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1) Add a user 6008 in PBX-IP 2008

Add a SIP user: 6008, after logging into the web page of PBX-IP 2008, please click on Users—> Create New
User, | add a user 6008 like the following:

Ne: 1

— General :
Extension: 6008 ®Nme: BOONS 6)] DizlPlan: DialFlan? @
CallerID: 6008 (O OutBound CallerID: 008 @

[ Enable Voicemail for this User (D

VoiceMail Access PIN code: @ Mailbox: BOOB @ Email Address: CD

Technology

[ s1p @ ] 1ax (D Analog Station: | Fone v| (D flash CD: TS0 rxflash @: 1250

Codec Preference : First :|u—law v | Second :|csm v| Third :|None v| Fourth :|None ~ Fifth :

Hone % |

— VoIP Settings
MAC Address : ® Line Munber : [1 v @ SIP/IAX Password: G008 @

RAT: ® Can Reinvite: [ @ DTNF Mode: |RFC2633 ¥ | @ insecure: wvery ¥ ®

Other Options

O F-Way Calling @ O m Directory ® O ca11 Waiting ® O c11 @® O 1= Agent ® Pickup
Group: |1 w

) Cancel

B Update

At last, please click on Update button, and click on Apply Changes button in up right corner of the main page.
2) Create a SIP trunk in 1P04

Add a VolIP trunk in 1P04, after logging into the webpage of I1P04, please click on Trunks>VOIP
Trunks>New SIP/IAX Trunk, | configure a SIP trunk like the following:
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Type: |SIF v
Provider Name ®: siptrunktoIP08
Hostname : 192.168.1.10
Username : 6008
Fromuser :
Fromdomain :
Password : 6008

Contact Ext,:

Insecure Type: .very v ®

©Cancel | | Add |

After configuring, please click on Add button, and click on Apply Changes button in up right corner of the
main page.

3) Create an outgoing calling rule in IP04

After logging into the webpage of 1P04, please click on Outgoing Calling Rules>New Calling Rule, |
configure an outgoingl rule like the following:
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Calling Rule Name (O outgoingl

Pattern @ . _o.

— [ Send to Local Destination (D

Destination : v

— Send this call through trunk:

Use Trunk @' siptrunktoIF05 W

Strip @ 1 digits from front

and Prepend these digits @ before dialing

— [ Use FailOwer Trunk ® :

fail over Trunk CD b

Strip @' digits from front

and Prepend these digits @ before dialing

@I:u_u-_-l I ] Save |

After configuring, please click on Save button, and click on Apply Changes button in up right corner of the
main page.

4) Create a dial plan in IP04

After logging into the webpage of 1P04, please click on Dial Plans->New DialPlan, | configure a dialplanl like
the following:

DialFlan Fame: DlalFland

Include Outgoing Calling Bules: [¥]outgoingl
Include Local Comtertar [Fdefault [Flparkedcalls conferences [P ringgroups [Flvoicensnus queuss [Fluvoicenailgroups directoey

@ Camesl | | Savs

After configuring, please click on Save button, and click on Apply Changes button in up right corner of the
main page. In configuration screens of 6030, please select dialplanl in the DialPaln drop-down list.

Now you can call from 6030 to 6001 and 6005 by dialing with prefix 9.

4.6 How to Transfer Files between Windows PC and PBX-IP 2008

Using WinSCP software, it is the most convenient way to transfer files between windows PC and PBX-IP 2008.
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Open your WinSCP software , enter the IP Address, username, password of PBX-IP 2008 like the following

SC

reen:

¥inSCP Login

= Session

SSH

<

Freferences

Stored sez=zions
Directories

[]Rduanced options

Cession

Hos=t name Fort number

| \22

192.166.1.10

User name Pas=word

root

‘ ‘mmmwmﬂ

Private key file

Hint: Use "Stored sessions” tab to save your settings

Leeal Perk Coswesdr Sewcies Opkions

B a-Wie R

[t 8] &~ = 0

Famats Hsly

== MEAEN &

Taws T Elza Troe Thincad Aty Bang T Fi1e| Cheoced Ychtz Tener
[=] TR 200054 . = EOLO-T0 E L b [ L LR
0 Doeunmte ana Satt T Fr T =) Z0l0-aE 1017 wemrezrer 0
= T W31 .. (=15 BLO-E-10 § . ewmr-zeez a
[SEEL ThE 200, Caste ZOL0-TL0 ... EwRTEET q
(=] T 200724 he Canome 200056 1007 wmrIrE 0
) Frogean Fales Th® oLa3L.. € yian o036 10T cwwrreex a
(=] T 2009710F. .. £ (&1L 2OE-1E3 .. EWEETIET 0
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(SR ZfE ECREES Ciaee 1A vz a
s T 200L0-5-1 . £ rond 2000-5-6 1:07  cmr-zeez 0
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The left part of the screen displays directories and files of your windows PC, the right part of the screen displays
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directories of PBX-IP 2008.
If you want to transfer a file from windows PC to PBX-IP 2008, you just need to choose the file and drag it to
the directory of PBX-IP 2008, at last, click on copy button in the popping-up screen like the following:

Copy file “atcom_ip02_04_08-0.3.4-1207.md5 to remote directorr

|

Copr | | Cancel | [ Hore > ]

Chapter 5 Reference
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