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1. Forward

PROOLIN shall not be liable for any direct, indirect, consequential or incidental
damages about the use of this equipment, manual or any related materials.

The information in this technical manual is advisory in nature and is subject to change.
PROOLIN may make improvements and changes in the products described in this
manual without notice. Changes will be periodically made to the information in the new
editions. Efforts have been made to ensure that the contents of this manual are correct.
Should you find any error, PROOLIN welcomes your comments to improve our
communications. Please contact PROOLIN on www.PROOLIN.com

Contents of this manual are subject to change without prior notice at the discretion of
PROOLIN. Ltd.

This document has been prepared for the use of employees and customers of
PROOLIN co., Ltd and may not be reproduced without prior written approval of
PROOLIN co.,Ltd.

PL-600 IP PBX(Hereinafter referred to IP PBX) is based on Asterisk system, supplying
1-8 FXO/FXS or 1-8 ports GSM, or any combination of FXS/FXO. Here introducing
basic of operation based on 1 FXS/ 1FXO version.

This article is the user manual for the PL-600 series products. It also includes the application
notes for how to use PROOLIN products to build a telephony system for small office.
Through this article, we hope that users can build the IP telephony system via PL-600 series
products.

The PL-600 series PBXs include 1-8 FXS/FXO model

2. Ready for Installation

Before configuration and operation, the administrator of PBX needs to check and
confirm the follow items in advance.

2.1. Confirm IP address of IP PBX to be static or DHCP (strongly suggest as static one);
for static, both IP address for WAN port and LAN port need to be assigned.
Meanwhile message of gateway and DNS server should be collected

2.2. Define number length of extension line; extension number group and which
extension line connected to analog phone.

2.3. How many PSTN lines to connect to PBX and how extensions to dialing out (like
directly or with pre-digit number, 9, O or other)

2.4. Which ports supporting lifelive function, that is, in case of power fail, these ports will
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connected and normal PSTN line available.

2.5. VolIP server message, like server IP address, port, account and password.

2.6. One PC installed Mozilla Firefox or IE, which used to access IP PBX-LAN port
(192.168.0.100 / 255.255.255.0).

2.7. SIP, IAX, or soft phone connected to LAN.

3. Hardware Installation

3.1Check List
PL-600 IP PBX-1pc; Straight Ethernet cable-1 pc; one universal power adapter-1 pc,

one CD-1pc; user manual-1 pc;

3.2 Power on unit, all LED flashing till unit boot. LED 1,3,5,7 light as red, which
means port 1,3,5,7 connected to PSTN line.

3.3 connect internet cable to WAN port; connect LAN cable to LAN port, both LED
light on front panel.

3.4 connect PSTN line to FXO port: 1,3,5,7; connect analog phone (extension line) to

FXS ports,2,4,6,8.

Note: on front panel, green LED indicating extension line state; red LED indicating
PSTN line state. While extension line connected, pick up phone handset, dial tone shall
get.

4. Login

For first configuration, please connect PC to LAN port of IP PBX, and default
IP-LAN is 192.168.0.100. Set the same range IP address at PC side, to make
sure we can access IP PBX.
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Internet Protocol [TCPfIP) Properties

General |

“ou can get I[P zettings assigned automatically if your network. supports
thiz capability. Otherwize, vou need to ask vour netwsork, administrator for
the apprapriate [P zettings.

(3 Obtain an |P address autamatically
(%) Uze the following IP address:

IP address: [ 192 .188. D

5
Subrst mazk: | BEE. 255 . 255 . 0 |

D efault gateway: | 2 z E |

Obtain DMS server addiess automatically
(&) Usze the following DMS server addresses:
Freferred DMNS servern: | . . . |

Alternate DMNS server: | y y ; |

L ak. _] [ Cancel ]

Figure: PC IP address setting.

5. Basic configure

5.1. System Status

While finished set in PC, in IE or Firefox, input IP PBX address as: http://192.168.0.100,

and got window as below:

A PBXer
¥elcome to the PEXer™ Configuration Panel

Please login

PE¥Xer™ Configzuration Engine

Fazgword:
Login

The default username and password both are admin, login and got below configure

page:

When you have entered the IPPBX setting page, the system status will be showed and you
can see the system status as below:
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1At System Status

Pleass click on @ panel 1o
e e ralaied e

Uprtdmes @ 20:1T2 02 up 12217, Llowd soersge: GU00, U060, 0_00

Teunks
e rnmme Part fHoateannd 11
| et Analog Forts 13 6T

Lgenis i i i i
a00g .EU'?I .E'J':'E‘ _-5’3'3
& & o &
Bood B0 GG [ ]

& & &

G003 L0 LU L]
i g =3

Canferenos Rosms 0
EOAD

Not in wee

Figure: configuration start page
The left panels is menu navigation, middle window showing the state and configure
options, middle-top is message / state panel, showing present state or configure result. In

case of help needed, move cursor on that button to get instant message window as below

Busy Detection: FBusy Detection is used to detect far end hangup
or for detecting busr =ignal. Enable to turn this feature on

Buzy Detection @ HI i | ey Lot = .

Figure: help window

There is a button “Active Change” at up right area, to be clicked to carry out all
5.2. Configure HardWare

The Configure Hardware page lists the available telephony ports in your system. You can
configure the hardware to comply with your local telephony environment.

5.3. Trunks

Trunks are used to make outbound call to the real world. There are different trunks we can
set here.
Create PSTN trunks
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(Ang TS voe ks
¥ Hii Anaiog Tristk

Farti 4,234 1434 EAE [ % Dakiu

Now IPPBX has 4 FXO analog PSTN connection.

Click "Trunks”, get window as below

Click "New Analog Trunk” and select Analog Port 1, 3, 5, 7 in sub option (show in the
follow picture) set all value accordingly then click “Save” to confirm.

We have put the IPPBX with 8 FXS or 8FXO ports so there are four analog trunks in this
setting page.

Create VoIP trunk
VolIP trunks (SIP&IAX2) are also available in the IPXX.

I Analog Trunks VOIP Trunks

Type: [P v|
Provider Hame(L): voip
Hostname/TF: www. proolin.com
Username: B8ES

Password : 123456

;G‘.'l{:ancel Add I

Type: to chose SIP or IAX based IP server or upper PBX
Provider Name: IP relay name

Hostname: IP server DNS or IP address

Username: account name

Password: account password

Click Save to exit

More info about how to set up the trunks, please refer the application notes.
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5.4. Outgoing Calling Rules

Outgoing Calling Rules defines the calling permission sand the routing rules when making
calls.

Calling Rule Name @ .

pattern @ :
™ Send to Local Destination @
Destination L ha|
Send this call through trunk:
use Trunk @ _\:
Strip@ digits from front

and Prepend these digits @ before dialing

™ use Failover Trunk @
fail over Trunk @ _"

strip @

and Prepend these digits @ before dialing

® cancel | M save

==Calling Rule Name: The name of your calling rule
== Pattern: Describe what numbers should use this rule:
X ... Any Digit from 0-9
Z ... Any Digit from 1-9
N ... Any Digit from 2-9
[12345-9] ... Any Digit in the brackets (in this example,
1,2,345,6,7,89
... Wildcard, matches anything remaining; i.e._9011. Matches
anything starting with 9011 (excluding 9011 itself)
I'... Wildcard, causes the matching process to complete as soon as it
can unambiguously determine that no other matches are possible
For example, the extension _NXXXXXX would match normal 7
digit numbers, while _1INXXNXXXXX would represent a three
digit area code plus phone number, proceeded by a one.
== Use/Trunk: Describe which trunk should be used in this rule
== Strip: Define how many digits should be removed from the dialstring.
Two samples for calling rule setting:
1) Cut the first digit for all dialstring start with 9, and make outgoing call via port1:
Calling Rule Name: Out_9
Pattern: 9.
Use/Trunk: Ports 1
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Strip: 1 digits from the front

In this case, if you dial 983018806 in your extension, 83018806 will be sent via portl
2) Cut the first digit for all dialstring start with 0, and prepend 86 then dial via voipbuster
trunk.

Calling Rule Name: Out_voipbuster

Pattern: _0O.

Use/Trunk: Voipbuster

Strip: 1 digits from the front

And prepend these digits 86

In this case, if you dial 075583018806 in your extension, 8675583018806 will be sent

via voipbuster trunk

Click Calling Rules to create dialing regulation. Here supposing calling rule as below:

-call directly between extension;

-all outbound call start with “97;

-FXO line connected to another PBX, and dialing out needing “0” firstly;

-for local PSTN call via PSTN line, pre-code of O needed;

-for DDD call via PSTN line, pre-code of 17951 needed;

-1DD call via VoIP server, outbound code of 9 need to remove; detail showing as

below form.

type Extension to dial Outbound number remark
IDD 9-0086-0755-8380 0086-0755-8380001 IPPBX remove 9, dialing other
001 to SIP server.
DDD 9-0755-8380001 0-17909-0755-8380001 | IPPBX remove 9, add 017909,

dialing to FXO line

LOCAL 9-8380001 0-8380001 IPPBX got 98380001, remove

9, add O, then send to FXO line

Inner 1003 1003 Dialing directly

Call

Now configure unit as below:

Firstly, create dialing rules for IDD call:
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Edit Callingz Rule X

Calling Rule Name @ ; international

Fattern (D r 900,

— [ Send to Local Destination @

Destination : | =

— Send this call through trunk:

Uze Trunk @ItESt 'I

Strip ® 1 digits from front

and Prepend these digits @ before dialing

— I Use FailOwer Trunk (D 8

fail ower Trunk @Itesf "I

Strip @ digits from front

and Prepend thesze digits (D before dialing

() Cancel | Bl Save |

That is, all dialed number started as 900, will be delete 900, then send to IP relay; If IP
relay is invalid, the number will be sent to PSTN relay.

Second, create DDD calling rules:

Edit Calling Rule X

Calling Rule Hame @ : natienal

Fattern @ ;o a0,

— I Send to Local Destination (D

Destination : | =

— Send thiz call through trunk:

Use Trurk @ [test =]

Strip @ 1 digits from front

and Prepend these digits @ 1795 before dialing

— I Use FailOwer Trunk ® :

fail aver Trunk @Itest 'I

Strip @ digitz from front

and Prepend theze digits (D before dialing

&) Cancel | Bl Save |

That is, all start as “90” will be process as DDD call, remove 9, and add 17951, dialing via

FXO/PSTN line.

Last, create local calling rules:

10




PL-600 IPPBX User Manual

Edit Calling Rule X

Calling Rule Name @ : Ooutside

Pattern @ 9.

— I Send to Local Destination @

Destination : | ;l

— Send this call through trunk:

Usze Trunk @ [test =]

Strip @1 digitz from fromt

and Prepend theze digits @ before dialing

— [ Use FailOver Trunk @ B

fail ower Trunk @Ilest vl

Strip @ digitz from front

eviel Bl Shosn dghts ) before dialing

® Cancel M Save

That is, all number start as 9 will be processed as local call, remove 9 and dial out via

PSTN line.

After setting you can get the following configure page:

Harnape Calling Bnlss

4 Har T irg E:la | Faziws Tafwml: Coling E.ulul Do lpoiop Callim: Kuoles

fooouzgensg salling zels paicr = sotssrion patteco with 2 toroe wead to Joal che pettecn. This el_oor diZlexso

pazTercs to oo die ez torougk cottersre toweks Teo5 Tlocal” o odigit coialr thooegl a oL bz ooy dirtarce”
Flini e Pewpl on T wewax 57T 00ed T - e e aw w7 T ar ol baoew mler 14 arimaes
ke e Wee b Pix peret g ety lieitesT o e et 0 Tee fee i Tial BT g o

azgociate maltiple cotraoag callze: calss s b= oassd oz Cesc wrmbowrd Zoaling,

Culliog Buls Eusluyis Iruak
st iaal _duy, Tast FuUre Lasactec Bt 3 Dalata |
Lt oxal S0 sast Aone Galacted By ¥ Dalat. |
T a, el Fct, Tl el M. Dbl

Note: above calling rules shall be well designed, like the turn set as 900, 90, 9, the last

one is most simple.

Finally, Click "Dial Plan”, select the Dial Plan, and select the out calling rules that we

created .

5.5. Dial Plans

A Dial Plan is a collection of Outgoing Call Rules. Dial Plans are assigned to Users to specify

11
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the dialing permissions they have. For example, you might have one Dial Plan for local
calling that only permits users of that Dial Plan to dial local numbers, via the "local" outgoing
calling rule. Another user may be permitted to dial long distance numbers, and so would
have a Dial Plan that includes both the "local" and "longdistance" outgoing calling rules.

LT )

Includ Qutgoing Callng Rules: [~ ygip

Inclufe Loca Conlety; ¥ ot ¥ perkedealls ¥ conferances ¥ nnggroums ¥ vocemanus ¥ ueses ¥ soicamaliyu ¥ dreciry

5.6. Users

This page allow administrator to create extensions for every user.

]
L

* Create New User | #+0ulk Add Mew Users

Modify Selected =_!sers| X Delete Selected Users

Create New User
General :
Extension: 6000 & Nomer @ DialPlan: @
CalleriD: 5000 OutBound CID: @

I | Enable Voicemail for this User @
VoiceMail Access PIN code: ©) Email Address: @

Technology
Fsrp® ¥ ux® Analog Station: | None % @ flash @: 750 reflash @ 1250

Codec Preference : First :| u-law V| Second :| G5M V|Third :| Hone Y| Fourth :| Mane V| Fifth :| Mone V|

VoIP Settings
MAC Address : @ Line Number : @ SIP/IAX Password: @
NAT: W @ Can Reinvite: [ @ DTMF Mode: @ insecure: @

Other Options
™ 3-way caling@ T 1n pirectory @ T call waiting@ T cr1@ I 15 agent @ Pickup Group:

@ Cancel | Update |

General:
Extension: The number you can dial to reach this user.

12
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Name: CallerID name of the user.
CallerID: The CID string when you dial to other internal users.
Outbound CallerID: Specify the public CallerID for outbound calls, it is only available
when your digital or voip provider support this feature.
VoiceMail:
Voicemail Access PIN code: The password of your voicemail box
Email address: The email address for the voicemail to email function.
Technology:
SIP: enable this option so the extension can be a SIP device.
IAX2: enable this option so the extension can be an IAX2 device.
Analog Station: If you have analog FXS ports in your IPPBX, you can select the port
here
for your extension.
flash/rxflash: flash parameter for the users.
Codec preference: specify the preference codec for the users.
Voip Setting:
MAC address: used for polycom phone provisioning.
Line Number: used for polycom phone provisioning.
Linekeys: used for polycom phone provisioning.
SIP/IAX2 password: user password for SIP/IAX2 registration.

NAT: enable this when you use the IPPBX in public network and the sip devices are in

private network.
Can Reinvite: enable this and the IPPBX will try to negotiate the endpoints to route
the media string directly (not through IPPBX). This can reduce the CPU load of the
IPPBX and you will get better voice performance because the media string are sent
directly from endpoint to endpoint.
DTMF mode: DTMF uses on conversation, the RFC2833 is the most common.
Insecure: method of authentication,
Other Options:
3-Way Calling: enable/disable 3-way calling
In directory: check this if the user is listed in the directory.
Call waiting: enable/disable Call waiting
CTI: Computer Telephony Integration, allows access to 3rd party applications over
asterisk
Manager Interface.
Is Agent: check this if the user is available in call queue.
Pick up Group: Specify the call pick up group.
Call Group: Specify the call group for the user.

5.7. Ring Groups

Define the Ringroups to dial more than one extension simultaneously, or to ring more than one
phone sequentially.

13
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RingGroup Name :
Extension for this ring group : g400

Ring Group Members Available Users

Ring Group Options .

LA

E ]

2] ] [1] [5]

Strategy : |Rir|g in Order v|

Seconds to ring each member : 3y

If not answered Goto @

& Cancel | M save |

5.8. Call queues

Call queues allow calls to be sequenced to one or more agents.

# Create Mef

Extension : 6500 6] Name :
Strategy : @ Music On Hold : @
LeaveWhenEmpty : @ JoinEmpty @ |Yes % @®

Queue Options:
TimeQut: 15 (1) Wrapup Time: 15 (i) MaxLlen: O @

I @ auto Fil I~ @ Auto Pause [ (D Report Hold Time
KeyPress Events : @
Agents: O] ou do not have any users defined as agents !

click here to manage users.

®CEIHCE!|| M update |

== Extension: This option defines the numbered extension that may be dialed to reach this

Queue.

14
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E o

E o

E s

Name: This option defines a name for this Queue, i.e. "Sales". ‘Name' is a label to help

you see this queue in the queue list.

Strategy: This option sets the Ringing Strategy for this Queue. The options are

RingAll: Ring All available Agents simultaneously until one answers.

RoundRobin: Take turns ringing each available Agent.

LeastRecent: Ring the Agent which was least recently called

FewestCalls: Ring the Agent with the fewest completed calls.

Random: Ring a Random Agent.

RRmemory: RoundRobin with Memory, Remembers where it left off in the last ring pass.

Agents: This selection shows all Users defined as Agents in their User conf. Checking a
User here makes them a member of the current Queue.

Music On Hold: Select the ‘Music on Hold' Class for this Queue. 'Music on Hold' classes
can be managed from the '"Music On Hold' panel.

LeaveWhenEmpty: This option controls whether callers already on hold are forced out
of a queue that has no agents. There are three options.

Yes: Callers are forced out of a queue when no agents are logged in.

No: Callers will remain in a queue with no agents.

Strict: Callers are forced out of a queue with no agents logged in, or if all logged in
agents are unavailable.

Join Empty:This option controls whether callers can join a call queue that has no agents.
There are three options,

Yes: Callers can join a call queue with no agents or only unavailable agents

No: Callers cannot join a queue with no agents

Strict: Callers cannot join a queue with no agents or if all agents are unavailable.
Queue Options:

Timeout: How many seconds an Agent's phone will ring before the Queue tries to ring
the next Agent.

Wrapup Time: How many seconds after the completion of a call an Agent will have
before the Queue can ring them with a new call. The default is 0, which is no delay.

MaxLen: How many calls can be queued at once. This count does not include calls that
have been connected with Agents, it only includes calls that have not yet been connected.
Default is O, which is no limit. When the limit has been reached, a caller will hear a busy
tone and advance to the next calling rule after attempting to enter the queue.

AutoFill: Defining this option causes the Queue, when multiple calls are in it at the same
time, to push them to Agents simultaneously. Thus, instead of completing one call to
an Agent at a time, the Queue will complete as many calls simultaneously to the
available Agents.

AutoPause: Enabling this option pauses an agent if they fail to answer a call. This
means that the agent is still logged into the queue, but they will not receive calls from
the queue. Once paused, an agent can unpause by logging into the queue using the
regular agent login extension.

Report Hold Time: Enabling this option causes Asterisk to report, to the Agent, the hold
time of the caller before the caller is connected to the Agent.

KeyPress Events: If a caller presses a key while waiting in the queue, this setting selects

15
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which voice menu should process the key press.

Queues Agent Login SEfliﬁ!ﬁ

Agent Login Extension: @

Agent Callback Login Extension: @

To logout of Agent Login Hangup your phone. To
Logout of Agent Callback Login Dial the same
extension used to login, specify your extension and
password when prompted, and hit # when asked for your
callback extension. This will successfully log you out of all
gueues you are a part of.

Agent Logout:

Save

== Agent Login Extension: Extension to be dialed for the Agents to Login to the Specific
Queue. This is an extension that all the Agents can Call to Login to their specified
Queues.

== Agent Callback Login Extension: Extension to be dialed for the Agents to Login to the
Queues they are apart of. Same as Agent Login Extension, except you do not have to
remain on the line.

5.9. Voice Menu(IVR)

Menus allow for more efficient routing of calls from incoming callers. Also known as IVR
(Interactive Voice Response) menus or Digital Receptionist.

16
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Name: @ Advanced Edit

Extension: 7000 @

@ Allow Dialing Other Extensions

Actions @

Add new Step: | —Selectan Option — %

[ @ Allows KeyPress Events

Q@ Cancel | |M save

y ——

Name: Name of this Voice Menu

Extension: If you want this Voicemenu to be accessible by dialing an extension, then
enter that extension number.

== Dial other Extensions: Is the caller allowed to dial extensions other than the ones
explicitly defined.

Actions: A sequence of actions performed when a call enters the menu.

Add a new step: Add additional steps performed during the menu.

Keypress Events: Allow key press events will cause the system to listen for DTMF input
from the caller and define the actions that occur when a user presses the corresponding
digit.

¥

¥

¥

¥

5.10. Time Intervals

Time Intervals are defined ranges of time that will be used by call routing features.

17
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Time Interval Name :

By day of week

[ 8w S

™ By Days of a Month
Date Month '.' V|

Time: I Entire Day

Start Time : End Time :

®Cance|‘ M update ‘

Name: Name of the time Interval

By day of week: Define the day range by week for time interval

By days of a month: Define the day range by Month for time interval

Time /Entire day: Define if the time interval is available for the whole day or only for
the specified hours.

LR |

5.11. Incoming Calling Rules

Create, modify, prioritize and delete incoming call rules for handling Incoming calls based on
service provider and/or the number called based on Time Intervals.

Trunk : Itest 'I

Time Imterval : | =l

Pattern ® : B

Destination : E‘Joice}[enu -= welcome ;I

@Cance1| B Update |

Trunk: Which service provide should use this trunk for its incoming calls.
Time Interval: ranges of time that will be used in this rule.

Pattern: Incoming call pattern.

Destination: where should the incoming call is routed.

LR |

5.12. Voicemail

General settings for voicemail function.

18
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General Setings

Btnnion for chstkng .-nmc.gﬂ-.T: : 8050
Direct Voicemad Dial LU/
Max grésting (In seconds) @ a0
Diad " for Operstor (I

Message Options
Macamum massages par folder B .| ¥
Max message time O ; M
Min message time (@ - -
Playback Options

sy message Caller- D O
52y message duration (L :
Flay amvalope @+ T

Allwe ursers o review L ¢

Scancel | B mio_mw

General Voicemail Settings:

E o

X

X

Extension for checking Message: This option, i.e. "2345" defines the extension that
Users call in order to access their voicemail accounts.

Direct VoiceMail Dial: Check this to enable direct voicemail dial. For instance, if John's

extension is 6001, you would be able to directly dial into John's voicemailbox by dialing

#6001 to leave him a message.

Max Greeting:Set the maximum number of seconds for a User's voicemail greeting.

Dail 'O' for Operator: Enable Callers to exit the voicemail application and connect to an
operator extension. The operator extension must be defined from the 'Options’ panel.

Maximum messages per folder: This select box sets the maximum number of messages

that a user may have in any of their folders.

Maximum Message Time: This select box sets the maximum duration of a voicemail

message in seconds. Message recording will not occur for times greater than this

amount.

Minimum message Time: This select box sets the minimum duration of a voicemail

message in seconds. Messages below this threshold will be automatically deleted.

Say Message Caller-ID: If this option is enabled, the Caller ID of the party that left the

message will be played back before the voicemail message begins playing.

Say Message Duration (in minutes): If this option is set, the duration of the message in

mintues will be played back before the voicemail message begins playing.

Allow callers to Review: Checking this option allows the caller to review their message

before it is submitted as a new voicemail message.

Play Envelope: Turn on/off playing introductions about each message when accessing

19




PL-600 IPPBX User Manual

them from the voicemail application.Voicemail to Email: with this function configured,
when there is a new voicemail for users,the IPPBX will automatically send the voicemail
tothe user’ s email address set in the user’ sprofile.

5.13. Conferencing

MeetMe conference bridging allows quick, ad-hoc conferences with or without security.

. o BEKlOE

Extension 6300 @ Marked/Admin user Extension : @

Password Options:

Fin Code: @ Admin PinCode: ®

Conference Room Options:

r @ Flay hold music for first caller (@ Close conference when last marked user exits
™ (D Enable caller menu I~ @ Announce callers
~ @ Quiet Mode W @ Wait for marked user

&Cancel‘ Update ‘

== Extension: This is the number dialed to reach this Conference Bridge.
== Marked/Admin user Extension: If the conference bridge is to have marked users or
admin users, then those users should enter the conference bridge using a separate
extension. Admin conference users can lock and unlock the conference and can kick
the most recent conference participant. Marked users are special users whose
entrance and exit, if the Wait for Marked user or Close conference when last marked
user exits can either begin or end the conference altogether.
== Pin Code: set an optional pin code, Ex: "1234" that must be entered in order to access
the Conference Bridge.
Administrator PIN Code: Defining this option sets a PIN for Conference Administrators.
Play Hold Music for First Caller: Checking this option causes Asterisk to play Hold Music
to the first user in a conference, until another user has joined the same conference.
== Enable Caller Menu: Checking this option allows a user to access the Conference Bridge
menu by pressing the * "Asterisk" key on their dialpad.
== Announce Callers: Checking this option announces, to all Bridge participants, the
joining of any other participants.
Quiet Mode: Do not play enter/leave sounds
Wait for Marked User: Prevent conference participants from hearing each other until
the marked user has joined.

¥

¥

¥

¥
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5.14. Follow Me

FollowMe Preferences for Users Followhe Options

status @ : T Enabled * Disabled

Not Configured
—_— ‘Music On Hold Class @ :

DialPlan 6 :

Destinations @ :

Add FollowMe I'Iumber|

@ Cancel | M save

X

Status: Enable/Disable FollowMe for this user.

Music On Hold class: that the caller would hear while tracking the user.

DialPlan: DialPlan that would be used for dialing the FollowMe numbers. By default this
would be the same dialplan as that of the user.";

== Destinations: List of extensions/numbers that would be dialed to reach the user during

FollowMe.

X

X

Followelde Predferences for Boers

FallowMe Options

I Pleyback th ineoming =tahus massags prior bo stating the folow-ma sea(d)
I Racard the caber's name 30 f con be announced to the callee on sech siep

I Payback the unreachable status message If we've rum out of steps o reach the or the callee has slected nat to be

0 Cncel| B s |

5.15. Directory

Preferences for 'Dialing by Name Directory'
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et mﬂ‘i
Directory Settings

h-.ﬂmg the Yirectory Extension’ would present to the eoller, 3 direciory of users listed in the sytem telephone directory - from which tey can search by Fi
Friam e st tedephoane directory, edit the 'In Directory’ field of the wser,

Diredtary Exenson () ;

s reed the xtenson mmher 0 ¢ ™

Use firs mame Instead of fack name ¢ |

@ Canced | | M s

== Directory Extension: Extension to dial for accessing the Name Directory
== Read Extension number: In addition to the name, also read the extension number to the

caller before presenting dialing options
== Use first Name instead of Last Name: Allow the caller to enter the first name of a user in

the directory instead of using the last name

5.16. Voicemail Group

(4

 Mew Vol
[] B idll DL

VoiceMail Group's Extension: 6600 —

Label:

User MailBoxes: | &onn

@Cance|| M save |

5.17. Voice Menu Prompts

Record or Upload custom V oiceMenu prompts.
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Risoril & Nend Yioce Mesiia Promj

-

Pl o
ot s Eension o record e i prompt 600

© tancel | R

o dfick on the 'Upinad a Vil Mem prompt® buttan b uplead & costom velce men

L | u TR . Ldi s M e "

5.18. BackUp

Backup or Restore the configure files.
l.FI. i '.F.I [ ﬂl

Manage Configuration Backups

i Crate e Barkap

List af Previous Configuration Backups :

1 backip 2010009 193030 Hov D9, 2010 Hmlepremm':nrl'ul ¥ Delis |

Note: Restored the backup won’ t take effect on the network setting. You need to modify the
network setting in the GUI and save/reboot.

5.19. Active Channels

Displays current Active Channels on the PBX, with the options to Hangup or Transfer.
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M'n i Active Channels - 0

Riefreshing Active Channels in 1 &econds
| Mo Channeks Cpen !

5.20. Options

Click button “Option” on left panel to enter basic configure page as below:

Genaral Preferences Thacoe P e Rmanod Saarnms NHaern

Slaasl tkeand o 0
Uzl sslerer 2 |—v
Eing Lo el R
Frteosinn prrbaranree:

Uscrkstendons : SEM ., 2220
Caverzace Extengdons 1 53000
Wore¥ern Faenaans | 700
sagLroep exenguns : 5101 . E000
yucie bxtendons 1 G5M .. 0570
Yoez¥al Lroup Extendons 1 bR, BREY

b, Lo vefaals

Btad  Fow: |

g Harhings

Global OutBound CID: default outgoing call number for outgoing VoIP call. This

setting will active only while caller ID setting not done in:

Caller ID number set in extension;

Caller ID number set for relay line

Operator Extension: to assign one extension as |IP PBX operator.

Ring Timeout: to define ringing duration for extension line.

Extension preferences: to group extension line for different feature, such as in
above page, extensions line number are between 6000-6299; extension line in

conference room are between 6300-6399; and which extension number applied
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features as Voice Menu, Ringing Group, Queue line, Voice Mail.

Change Password: to changing the Admin password.

General Preferences Change Password Reboot Advanced Options

Change Password

Enter Mew Password:

Retype New Password:
M Update

Reboot: to reboot unit or set unit to factory configuration.

General Preferences Change Password E Advanced Options

Reboot Appliance

Warning: Rebooting the appliance will terminate all active calls

Reboot Mowr || fFactory Default

5.21. Advance Options

In the Options Panel, choose Advanced Options--> show Advanced Options then the
advanced options will be showed in the left menu.

General Preferences Change Password Reboot | Advanced Options |

Advanced Options

Show advanced Options

it show as blow

The advances options include:
== Call Detail Records
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Active Channels
Bulk Add

File Editor
Asterisk CLI

IAX Settings

SIP Settings
Network Settings
Firmware update

LR IS N T N I B

5.22. Advance Options----Network Setting

As mentioned in above, initially we set IP PBX as static address, now set IP

address as desired, save and go to reboot menu to reboot unit.

WAMN Setting
DHCP: |
Host Mame: pbxer
Domain: pbxer.com
IP Address: 192,168.1.100
Subnet mask: 255.255.255.0
Gateway: 192.168.0.1
DM5: 202.96.134.133
NTP: pool.ntp.org

LAM
IP Address: 192,168.0.100
Subnet mask: 255,255,255.0

Country: | CM - China bt

Time Zone: Cs5T-8
SSH: W

(] Cancell B save |

Note: you need to reboot the device to make the ip and timezone take effect.

5.23. Advance Options----Call Detail Records

Shows the call details.
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Call Detall Report

¥ mhourd calsl ¥ cutbiound callld ¥ tornal el D ¥ ternal calsl)
" o i il 5w ystem cals )

3 Total records; Viewdng 1-3 OF 35elected
| J Glick o column hesder bo sort by $rat column, Qlick on row bo displey ull record

Sl iz Nuratos r T byl i Canlkes 1Mk

1 0070101 Dlrfdz50 R O7aoafdaaRa i} (7552075832
T 1007-01-01 D00T=41 LR B
3 00101 00:02:08 (014 (7saati5an2 b (75526405332

5.24. Advance Options----Firmware Update

Update the firmware of your device

Divwmboaa] image from a @
® WTTRURL T TFTP Serves

TFTF Seer | M

Fils Na ¢

HTTP and TFTP updateis available for the firmware update.

= TFTP server: TFTP server which include the update firmware

== File Name: name of the new firmware, please make sure that you are using a mds firmware
for the updating.

= Resat Configs. enable thisif you want to reset the networking and asterisk configs after
upgrade.
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Config Files
Config Files
adsi.conf
agents.conf
applyzap.conf
asterisk, conf
cdr.conf
cdr_custom, conf
cdr_manager. conf
codecs. conf
dnsmar.conf
dundi.conf
enum,conf
extconfig.conf
extensions.conf
features.conf
followme, conf
guipreferences.conf
http.canf

iax. conf
iaxprov.conf
indications. conf
logaer. conf
manager.conf
meetme, conf
modules. conf
musiconhold. conf
networking. conf
privacy.conf
providers.conf
queues.conf

[

v

5.25. Advance Options----File Editor

Note: Please make sure you know what the meaning in the files before trying to modify these

files.
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6. Application Setting

6.1. Make free internal calls

Making internal calls are the base requirement for a telephony system. Below are the settings for
thisusage. It is base on IPPBX but setting is the samein other IPXX products. System Setup

192 163 1.300

=i aan 001 EIFTENR IGO0
1P 197,168,113 1IR3 3882104

Internal calls in the same office

At the beginning, we need to add some extensions to make internal calls. Each extension acts as
an internal number. There are three types of extensions we can add: SIP, IAX2 and ZAP. Before
set up the extensions, we need to go to the Options --> General Preferences to set the user
extensions range. The default user extensions range is from 6000~6299. The extension 6000 is
used for auto-attendant so don't register on this extension.
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‘General Preferences Language Change Password Reboot Advanced Options

Global OutBound CID @ 2

Global OutBound CID Name® 2

Operator Extension (D & b

Ring Timeout ®: 20
Extension preferences:

User Extensions : 6000  ; 6299
Conference Bxtensions : 6300 ¢, 6399
VoiceMenu Bxtensions : 7000 ¢ 7100
RingGroup Extensions : 6400 ¢, 6499

Queue Bxtensions : 6500 ¢, 6599

VaoiceMail Group Extensions : 6600 5 6699

Reset to defaults

(S)Cance|| M save |

Then go to page Dial Plan-->Create New Dialplan to create a default Dial Plan.
Then go to page User s-->Create New User to create the extensions. 6001

Lredie ew use

General :
Extension: 6001 |® Name:|EdV|n @ Dialflan:| v |@
CallerID: GDDI(D OutBound CID: @

I™ | Enable Voicemail for this User @
VoiceMail Access PIN code: @ Email Address: €))

Technology

Vs @ W ax@ Analog Station: |Mone & @ flash @ 750 rflash @ 1250
Codec Preference : First ;| udaw % | Second : Third :| Nong VlFour‘th :i Mang V| Fifth | None V|

VoIP Settings

MAC Address : @ Line Number : @ SIF/IAX Password: 6001 @
naT: M @ can Reinvite: I @ pTMF Mode: |RFC2333 v | @ insecure: (e v | @

Other Options
™ 3-way calling@ T In pirectory @ I | call waiting @ ™ cr1@® I 15 Agent @ Pickup Group: [1 ¥

& Cancel | M 1update |

Use the same method to add the extensions. 6002, 6003 and 6004. I n our system picture, we
use softphone x-lite to register on 6001 and 6002. Use SINOV-100B | P phone to register on
the extensions 6003 and 6004. Then these four extensions can communicate with each other
use the number s 6001, 6002, 6003 and 6004.
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6.2. M ake outbound callsto PSTN

There are many kinds of trunking you can use to make outgoing calls. It includes: Analog

FXO trunk, GSM Trunk, SIP trunk, IAX trunk etc.

6.2.1 Analog/FXO trunking

For the IPPBX , you can install FXO module and use the FXO trunking to make outgoing call via

your local PSTN line. The set up is as per below:

PSTN

o

- X enerade o GO0
1P-162 168 1. 101 X-ite extefsionS00z
192 1BE 1102

_ ( LAN |Local Arca Networ )

PO 152168 1.300

eetenzion 6003 Extension bl
1™ 132168 1 103 FIl92. 168, . 104

Qutgoing Call To PSTN Network

Sep 1: Create FXO trunk
Go to page Trunks--> Add New Analog Trunk
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Channels: W 1 W 20 3" 4

Trunk Name @ : PSTN
Advanced Options

usy Detection @ . Busy Count @. 3
Busy Pattern @ : 500,500 Ring Timeout @& : 8000
Answer on  |No v Hangup on Mo |»
Polarity Switch @ . Polarity Switch @ .
Call Progress @: [N w Progress Zone @ .
use Callero @ : Caller ID Start @ :  [Ring  w
callero @ : Pulse pial @ :
CID Signalling @ . |EE" -UsA b Mailboa:
Flash Timing ®: 750 Receive Flash Timing @ . 1250

ISJCanceIl M add |

Note: The portl and port2 of IPPBX are dotted with FXO modules. Always click " Apply
Changes' in theright top cor ner when you do some changes.

Step 2: Create Outgoing Calling Rules
Go to page Outgoing Calling Rules.

Calling Rule Name @ . OUT_PSTN
Pattern @ =)l 9.

I | Send to Local Destination @
Destination | “

Send this call through trunk:

Use Trunk @®

Strip® 1 digits from front

and Prepend these digits @ before dialing

I | Use Failover Trunk @ :

fail over Trunk @
strip @

and Prepend these digits @ before dialing

& Cancel| M save |
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The pattern _9. and strip 1 digits means al calls start with 9 will be cut the first digit and sent out
viathisrule. for example, if you dial 983018049, the IPPBX will send 83018049 to portl or port2.

Sep 3: Add New DialPlan
Go to page Dia Plans--> Crear New Dial Plans

CéanFlan Name; | Dialian 1

Inchide Outgaing Caling Rukes: | ouT_paTH

Tnclude Local Conteats: ¥ datautt ¥ parkedealls ¥ conlerances ¥ inggraups ¥ veisemanue ¥ quaves ¥ vaicemaiigroups ¥ dractory

[ Caneal Bl 53

Set the DialPlanl to default dial plan so every new extension will use this dialplan in default. Then
yOu can use your extensions to dial out via the port1 and port2.

6.2.2 VoIP trunking

Via the voip trunking we can dial call via the voip service to reduce our cost when making
international calls.

Intermet —

ST

Connect Lo PRIN
nonvorls sim FXD poet

M lite oxtencion ECD1
17192 168.1.100

P30 153, 16E.2, 100

%o estensianipil
IP-192 1R 102

ealEnRine H003 ':xdlmﬁ-.rn Eel]
192 1651 103 F-3100 1681104

Outgoing Calls Network

Step 1: Add Voip trunks
Go to page Trunks--> Voip Trunks--> Add New Sip trunks
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Analog Trunks VOIP Trunks

= New SIP/IAX Trunk

Type:

Frovider Name(@: voipbuster =
Hostname/IP:  sip.voipbuster.com
Username: aniceman

Fassword : EEEEE R

= Cancel| M add |

We use the Voipbuster as our voip service provider here.

Step 2: Add voip calling rule
Go to page Outgoing Calling Rules.

Calling Rule Name @ . Out_wvoip
Pattern @ s 00,

™ Send to Local Destination @

Destination | b

Send this call through trunk:

use Trunk @
Strip@ 2 digits from front

and Prepend these digits ® before dialing

™ use Failover Trunk @ 2

fail over Trunk @
strip @

and Prepend these digits @ before dialing

& Cancell Save |

All calls start with 00 will be sent out via our voip service provider.

Sep 3: Add thisnew calling ruleto thedial planl
All extensions which use dialplanl are able to use the voipbuster service now
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6.3. Combinethel PPBX with exist traditional PBX

Introduce: Assume that we already have a traditional PABX in our office and we want to
add more pstn lines/extensions or use voip solution in the exist solution. We can combine
the IPPBX with the exist PABX solution use below
structur

Internet
WOPARY ) &= PaTy |JHIIIN

FROGPARK ] €3FXS i p04) ‘ 17%00 1704 E==3pSTH

Kocher
“—(- LAN (Local Area Network)
1Pha: l
1921 i}

168,11 *
¥-lite extension-H002
IP:152 168.1.102

|

_E FXS {IWUHX) €< F00(ipha}

et B ext 6004

g\\) @_\\J % IP:192.168.1.103 IP:192.168.1.104

Combine the IP04 with exist traditional PBX

1/ Connect the FXO port of the PABX to IPPBX's FXS port. so the PABX will be one of the
IPPBX's FXS extensions and all the extensions under pabx can use al the fxs functions from
IPPBX, the functions include: make calls to the IPPBX's other extensions make calls use the
IPPBX voip trunk make PSTN via IPPBX's PSTN trunk.

2/ Connect the FXS port for the PABX to IPPBX's FXO port. So the IPPBX will be one of the
PABX extensions and all the extensions under pabx can use all the fxs functions from pabx, the
functions include: make calls to the pabx's other extensions make PSTN via pabx's PSTN trunk

6.4. |ntercommunication between two | PXX

Introduce: This application note shows how to link two IPPBX in different location. With
this function, we can link branches together with IPPBX. Same method can be used when
connect more than 2 IPPBX in different branches.

6.4.1 Link two IPPBXs in the same network
The simplest case to link two IPxx together is in the same network. We start from this and
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then try to expand to different network. We use IPPBX here, same method for other IPXXs
products. Below is the structure of how to link two IPPBXs in the same LAN:

&K trunk

IP: 192.168.1.21 IP: 192.168.1.31

IP- 192 168.1.30
Exlensions 5001

[P 192 168.1 20
Extensions: 6001

The method of connecting two IPPBXs in different location is; 1) register the IPPBXA as an
extension in IPPBXB(via IAX2 trunk) so the extensions in IPPBXA can make calls to IPPBXB’s
extensions via this “special” trunk. 2) use the reverse method in IPPBXB to register to IPPBXA.

In above structure:

1) BW210 A registersto IPPBXA (IP: 192.168.1.21)as an extension 6001.

2) BW210 B registers to IPPBXB(IP: 192.168.1.31) as an extension 5001.

3) All the extensions under IPPBXA are in the format 6XXX.

4) All the extensions under IPPBXB are in the format 5XXX

5) Extensions under IPPBXA can make calls to extension under IPPBXB use format 5XXX.
6) Extensions under IPPBXB can make calls to extension under IPPBX A use format 6XXX.
7) Thetwo IPPBX links each other via |AX2 trunk.

Step 1: Set up aextension 6005 in IPPBXA

Extension: 6005 ; Phone number of this extension
Name: User IPPBXB ;

Password: 6005 ;1AX2 Log on password

Caller ID: 6005 ; Caller ID

36




PL-600 IPPBX User Manual

Sep 2: Set up an IAX trunk in IPPBXB to link to IPPBXA via this User_IPPBXB extension. In

the page Trunks--> Add Voip Trunk

Password

Provider Name@ %

Hostname/IP:

Username:

Codecs :

CallerID @ :

FromDomain :
FromUser :

Insecure

™ Enable Remote MWI :

To_IPO4A
192.168.1.21
6005

: 6005

First: |udaw % | Second : |zdaw % Third : |GSM v

Fourth : |G.726 ¥ | Fifth : | v

& Cancel | M add |

Sep 3: Set Calling Rule in IPPBXB, al calls start with 6 will be sent to IPPBXA. In the page:
Outgoing Calling Rules--> Add New Calling Rule

Calling Rule Name @ . Cut_TPO4A

Fattern @ =l 6.

™ | Send to Local Destination (D

Destination |

Send this call through trunk:

Use Trunk @ To_IPO4A |»

strip@ 0

and Prepend these digits @

™ | Use Failover Trunk (D 3

digits from front

before dialing

fail over Trunk @ To_IPOGA

strip @

and Prepend these digits @

before dialing

& Cancel| Save |

Sep 4: Add this new calling rule "Out_IPPBXA" to the exist dial plan. In the page: DialPlan -->
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Edit DialPlanl

DiarFlan Marme: [nalfanl

Tnclude Cutgoing Caling Rukes: ™ ouT_PaTi T Out veip ¥ Dut_IFDaA

dude Local Cotests: [ defaul ¥ packadealls M conferancea ¥ ringgraups ¥ woicemanis ¥ queses M voicsmaligrouna  drectory

Active the change and apply the test:

1/Register an | P phone BW210 to IPPBXB with 5001 extension.

2/Register an IP phone BW210 to IPPBX A with 6001 extension.

3/Use 5001 to dial 6001. And you can see 6001 is ringing and you can pick up the calls. Above is
the way to router IPPBXB’s call to IPPBXA, the method to link IPPBXA to IPPBXB is the same
as above.

6.4.2 Link two IPPBXs in different location

The generally environment for two IPPBX in different location is: two IPPBX are both behind
router and using the private IP.

Since the IPPBX doesn’t have the public IP, we need to do port forwarding in the router and
make IPPBX is reachable to others.

14X trunk

WAN IP; 202.8.16.98
Offico A

‘ IP: 192.168.1.21 ‘ IP: 152.168.1.31

6 WARN IP: 1159.30.54
-2 Office B
h

P 102, 168.1.30
Extensions: 5001

1P 192.168.1.20
Estensions: G001

Sep 1: Set port forwarding in the router for IPPBXA
The IPPBXA is behind the router, to register to IPPBXA viathe internet, you need to forward the
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IAX2 port in your router, so all the packets received on the router WAN port (202.8.16.98:4569)
will be forwarded to the IPPBXA (192.168.1.21:4569). Below is the setting page in a linksys
router:

Applications

Appicatons
B Gameng

& Gaming

Administration atatus

| UPnP Forwarding | oMz

UPNP Forwarding UPNP Forwarding
Application ExtPort TCP UDP Int, Part IP Address Enabled UFNP Forwarndng can be us
" . i - — - to s&t up public services on
FTP o ® 0 21 | 1g2.188.1)0 O
= i the hlernel make certain
Tenst 73 ® O 23 192.168.110 El TEqUES!S O YOur nebwork,
Router can forward those
SNTP 28 ® O 25 192.168.1|0 ] requests to compubers equig
; i handie the requests. I, fo
DHS 53 0 83 1921681/ 0 Exampie, you et the port
O O Lk :I narnber 30 (HTTR) to ba
- = forwarnded to P Address
TFTR &
] O @& |69 137.152.1,0 O Y
. 2= = = requests from oufzide uzars
Tinger 9 ® O L) 192.168.1,0 El be forwarded to 192 1631 3
] I £ is recommended that th
HEP %0 ® O 8o 152.188.1{139 ¥ computer use static IP
- address.
POP3 110 ® O 110 192.188.1{0 |
- - ™ o “ou may use this funchion b
HKTP 1% ® O 119 192 168.1/0 ] eiabial. s ek arar o
: SETVET ViB an P Galeway.
SHMP 181 o ® |18 152.188.1/0 | this format, Windows XP ca
s u=ad to configure this throud
==h 2020 & O 22 192.166.1, 235 =l UFAP communication Be sur
: 3 that you enter a valid P
httpl 2030 ® O a0 192.168.1, 29 [+ Address. (You may need to
g i i & E ; : satablsh a statis 1P addreas
http2 | (8090 | @& O (80 sz581/2098] & wih your I5P in order to
properly rua an intemet sed
IAK. | [4563 | @& O  [4583 vz168.1]21 | [ | For added secully,
IAN? 4569 O ® 4569 152.188.1/ 21 [¥] More...

Step 2. Set up the service provider and calling rule in IPPBXB to make it register to IPPBXA.
This method is almost the same as above, EXCEPT you need to use the 202.8.16.98 as the
service provider instead of 192.168.1.21.

Step 3. Use the same method do port forwarding in routerB for IPPBXB. Your public address
from network provider maybe a dynamic ip which will be changed periodically. To
overcome the problem of dynamic ip, you may need to use the DDNS service , for more info
please google the internet.

65 Voicemail to Email Configure example

The IPPBX will send a notify Email to your mail box when you have set up the Voicemail to
Email function.
1) Set up the preference
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2) Configure your SMTP server
If your SSMTP server needs Authentication, you need to put your username and

password in the file ssmtp.conf (via SSH access) as below:
[/etc/ssmtp/ssmtp.conf]

root=PROOLIN@PROOLIN.com //mailbox account

mailhub=mail. PROOLIN.com //smtp server
rewriteDomain=PROOLIN.com
hostname=PROOLIN@PROOLIN.com
AuthUser=PROOLIN@PROOLIN.com //mailbox account

AuthPass=xxxxxxx //mailbox password
AuthMethod=LOGIN
FromLineOverride=YES

3) Enable the voicemail for users and put the corresponding Email Address.

General ;
Extension: 6001 @ Name: A“CE @ DialPlan: [DiaIPIanl_\i @
CalleriD: soo1 @ OutBound CID: @

¥ Enable Voicemail for this User @
VoiceMail Access PIN cade: 6001 (D) Email Address: Alice@atom.com.cr (1)

6.6. Call Features

6.6.1 Call Pick Up

The default feature code to pick up acall is*8. If thereis an incoming call for a user in the call
group 2, then the users in the pickup group 2 is able to pick up this call by dialing *8. The pickup
group and call group can be defined in the user setting page.

6.6.2 Call Park
The default call park extension is 700. The call park features code can be found in the file:

[etc/asterisk/features.conf
Park a call on eye-beam:
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--Press XFER button , then it will shows Enter Number + press XFER --Enter the default park
extension 700 and press the XFER button again. The call will be parked to the extension range
701~720 --dial 701~720 to get the parked call in another extension.

6.7. Cron

Cron is the name of program that enables Linux users to execute commands or scripts (groups of
commands) automatically at a specified time/date. It is normally used for sys admin commands,
like makewhatis, which builds a search database for the man -k command, or for running a backup
script, but can be used for anything.

Y ou can start the cron service for IPPBX by:

/etc/init.d/cron enable

/etc/init.d/cron start

The crontab file locats in /etc/config. More info for how to use cronin linux, please search in the
internet.

6.8. Backup and restorefile

1 In the page “back up” to create new back up

2 You can restore this back up file to your computer

3 to transfer this back up file to another 1Pxx

1/ Put thefilein your tftp server

2/ Use putty to connect to the IPPBX via SSH Run below commands

3/ cd /persistent/var/lib/asterisk/gui_backups

4/ tftp—g—r YOUR_BACKUP_FILE YOUR_TFTTP_IP

5/ go to the backup page and select the file to restore. 6/ Reboot the device.

6.0. Call queue agent L ogin and L ogout

There are two kinds of login and logout for the agent.

First, you need to enable the “is agent” in users page for the extensions.

1/ Agent Log in: use your extension to dial Agent Log in extension and enter the username and
password to log in. you need to keep the line on for log in. if you hang up the extension. It will log
out.

1/ Agent Call Back Log in: use your extension to dial Agent Call Back extension and enter the
username and password and new agent extension to log in. you don’t need to keep the line on.
When thereisacall in the call queue, it will ring your extension. To log out, use your extension to
dial Agent Call Back extension and enter the username and password and #.
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6.10. DISA

DISA - this application allows you to make calls from outside the PBX as if you are inside it.
Purpose and usage

With this application you can allow calls from outside your PBX to be interpreted as if they are
inside the PBX.

The principle is the following: somebody from outside the PBX system place a call to one of our
numbers. The caller will hear a continuous signal. He/she has to enter a password followed by the
pound key. If the password is correct then the caller will hear again a signal which this time is
coming frominside the PBX system.

Below isthe processto use DISA in IPOX,

1/: in the voicemenu --> create a new voicemenu,. add two steps:

stepl: Answer

step2: DI SA: Passwor d: xxxxx, DIALPLAN.

2/ in the incoming rule, point your analog trunk to the DISA voice menu.

Test process.

1) make incoming call to your analog port.

2) you will hear the dial tone and then press the password followed by #

3) you will hear dialtone again, then press the number followed by # to dial the number you wish
to dial.
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