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1 Introduce

This Article

This article is the user manual for the IPXX series products. It also includes the application
notes for how to use ATCOM products to build a telephony systemrfemall office. Thraugh
this article, we hope that userscan build the IPtelephony systemvia IP-XXseries products
The IP-XX series PBXs include IP01]JP02, IP04, IPO8 and IPBRI so far, since
they have almost the same software and structure so we will u se IP04 as the
demo unit on this article. Same method is available to the IP-XX series
products.

IPO1, IPO2 ,IP04, IP0O8 & IP-BRI

The IR XX series PBXs are open source embedded IP PBX systems. They run uClinux and
Asterisk and support rich I[P PBX featuresThey have big advantages on its inherent open
source software structure and ultra low power consumption ( <5 watt in idle state,
environment friendly).

Below are the difference between the IP0O1, IPO4 and IP08 platform.

Model No. RJ45 TEL Ports RS232Port Others Size(mm)

IP-01 1 1 x fxo/fxs 1 fix RS232 port -- 100 x 100 x 28
IP0O2 2 2 x fxolfxs 1 RS232 module -- 100 x 100 x 28
IP-04 1 4 x fxolfxs 1 RS232 module MMC 225 x 120 x 30
IP-08 2 8 x fxolfxs 1 RS232 module MMC,USB 225x120x 30
IP-BRI 1 4Xx BRI TE 1 fix RS232 port MMC 225 x 120 x 30
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2 Configure the device via GUI

2.1 Access the GUI

The IP04 GUI isimmigrated from Asterisk Now 2.0 version. The default IP for IP04 is
192.168.1.100. Put the default ip in your web browser and it will redirectd the setting page
of IP04, the default passwordor the web access is:

Username: admin
Password: mysecret

IZE UT O AAT 60 AAAAOO OEA conreat thdRI4BIcablA © the BRAKE E &£ Ul C
and your computer is in the same network 192.168.1x as the IP04.

Note: the recommend web browser of IP04 is Firefox.

2.2  System Status

When you have entered the IP04 setting page, the system status will be showed and you can
see the system status as below:
| »sta St2ts. |

Uptime : 15:38:26 up 22:44, load average: 0.00, 0.00, 0.00
Ik Trunks
Trunk Type Osername Port/Hostname/IP
Forts 1 Analog Forts 1
Ports 2 inalog Ports 2
Portsz 3 inalog Ports 3
Ports 4 dnalog Ports 4
Conference Rooms O Parked Calls O
NDTGSE\UL\SB Ho Parked Calls
Extensions
© Free L ® Univailatle @ Ringing
Extension Hame/Label Status Type
W T00t testl Messages : 071 SIP/IAY User
@ 7002 7002 Messzages : 00 SIP/IAY User
@ 1043 wells Meszages : 070 SIP/IAX User
@ 71463 Grace Messages @ 0/0 SIF/IAY User
@ 71569 Forrest Meszages : 070 SIP/IAX User
W T1E8 peter Messages @ 070 SIP/IAX User
W T806 edwin Messages : 2/0 SIP/IAX User
@ To983 Gilly Messages @ 070 SIP/IAY User
6030 Support Call GQueue
6000 test Woice Meru
G050 Check Voicemails VoiceMailMain
— #lo Extension aszigned Dial by Hames Directory
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2.3  Configure Hardware

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

Analog Hardware

FES Ports -

FXO Ports 1,2,3,4 Edit

Tone Begiom: Fleasze choose your countrr or rour nearest
Tone Region I)| neighboring countrr for default Tones (Exz: dialtome, busy tone,
ring tone ete.)

D Feset all Prewvious Digital [runks Information

Advanced Settings

Module Name : wotcdmZdxxp

opernode @ 2 O [ ]
alav override @ : [ [ |
frs honor mode @ ¢ [ |
boostringer @ : [ [ |
fastringer @+ [ [ ]
lovpower @ : [ | |
ring detect @ ¢ [ [ |
MW mede @ ¢ O [ |

@:ancel Changes ‘ Update Settings |

Note: Hover on the (i) and you can see the comment of every settings.

2.4  Trunks

Trunks are used to make outbound callo the real world. There are different trunks we can
set here.
[Ronage snalog tropbs ]

I Analog Trunks Service Providers VOIP Trunks T1E1BRI Trunks
+ Hew Analog Trunk
Trunk Analog Ports
Ports 1 1 Edit| e Dalete
Ports 2 2 Edit | M Delete
Ports 3 3 Edit | M Delete
Forts 4 4 Edit | 3¢ Delete

We have put the IP04 with four FXO ports so there are four analog trunks in this setting page.
VoIP trunks (SIP&IAX?2) are also available in the IPXX.

| EULCORN Create New SIP/IAX trunk

- Type: |SIF

Provider Nane @ voipbuster
Hostname : sip. voipbuster.com
Username : test

Password : XXXXXXX

| QCancel | [ aad

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

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

I
| Calling Rule Nane @ :
Pattern @
— [ Send to Local Destination (0]
Destination : -
— Send this call through trunk:
Use Trurk 6] -
Strip ® digits from front J Bl
and Prepend these digits @ before dialing (Edit | g Delets |
[ Use Failover Trunk @ B
fail over Trurk @ -
Strip G) digits from fromt
and Prepend these digits ® before dialing
©Cancel | [ Seve EN EE=m
portd_@ _8. Fortzs 4 Ports 1
portd 17309 80, Forts 4 FKone Selected

i Calling Rule NameThe name of your calling rule

i Pattern: Describe what numbers shouldise this rule:
X ... Any Digit from 0
Z ... Any Digit from 19
N ... Any Digit from 29
[12345-9] ... Any Digit in the brackets (in this example,
1,2,3,4,5,6,7,8,9

. ... 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 _INXXNXXXXX woulépresent a three
digit area code plus phone number, proceeded by a one.
U  Use/Trunk: Describe which trunk should be used in this rule
U  Strip: Define how many digits should be removed from the dialstring.

Two samples for calling rule setting:
1) Cut the first dgit for all dialstring start with 9, and make outgoing call via portl:
Calling Rule NameQut_9
Pattern: _9.
Use/Trunk:  Ports 1
Strip: 1 digits from the front
In this case, if you dial 983018806 in your extension, 83018806 will be sent via portl

2) Cut thefirst digit for all dialstring start with 0, and prepend 86 then dial via voipbuster
trunk.
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Calling Rule NameQut_voipbuster

Pattern: _0.

Use/Trunk:  Voipbuster

Strip: 1 digits from the front

And prepend these digits86

In this case, if you dial 07558301886 in your extension, 8675583018806 will be sent
via voipbuster trunk

2.6 Dial Plans

A Dial Plan is a collection of Outgoing Call Rules. Dial Plans are assigned to Users to specify
the dialing permissions they have. For example, you might have one Dial PlanIbcal 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 "longdisince" outgoing calling rules.

DialPlan Name: DialFlanl

I Edit DialPlan X

Include Outgoing Calling Wpartl [Vpart1_8 [Mport1_17908 [Cport2_ & [Cport2_8 [Cport2 17608 [porti s Cpert3_s [Cpere3_17o08 [
Bules: poreg g [Clportd o Cportd_ 17008

Include Local Contexts: (W defanlt (¥parkedcalls [¥conferences (¥ ringgroups [¥lveicemenus [¥lquenes [¥lvoicemailgroups [¥ldirectory

pagegroups [¥lpage_an_extension

©ancel | (A Save

| volcemenus, queues, wolcemailgroups, directory, pagegroups, page_an_extension T
. port3_8, port3_0, port3_17908, default, parkedcalls, conferences, ringgroups,
| DialPland
volcemenus, queues, volcemailgroups, directory, pagegroups, page_an extension
| ortd_8, portd_B, portd 17808, default, parkedcalls, conferences, ringgroups
DialPland o FELED i % P — s o P . » 44 1?:
| voicemenus, queuss, voicemailgroups, directory, pagegroups, page_an_extension G|
I
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2.7 Users
This page allow administrator to create extensions for every user.

Create New User X

— General :

Extension: 6000 | (U Name: @ DialPlan: @

CallerId: 6000 @ outBound CallerID: @ B
[ Enable Voicemail for this Tser @

VoiceMail Access PIN code: @ Mailbox: 6000 @ Email Address: @ 4
— Technology

Vs ® [ 1ax 0] Analog Station: @ flash @: Ta0 rxflash @: 1250

Codec Preference : First :|u—law v| Second :|GSK v| Third :|None v| Fourth :|None v| Fifth :|None -

— VoIP Settings
MiC Address : @ Line Munber : @ SIP/I4¥ Password: @
NAT: @ Can Reinwite: [ @ DTMF Maode: @ INSECUre: no @

— Other Options

0 3-Way Calling @ [ 1 Directory @ [ cal1 Waiting @ [ cr1 G) 0 1= Agent @
Pickup Group: El Call Group: IZ'

®Cancel 1 Tpdate

General

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

Name: CallerID name of the user

CallerID: The CID string when you dial to otheinternal users.

Outbound CallerID: Specify the public CallerIlD for outbound calls, it is only available
when your digital or voip provider support this feature.

VoiceMait
Voicemail Access PIN code: The password of your voicemail box
Email address:The email address for the voicemail to email function.

Technology.
SIP: enablehis option so the extension can be a SIP device.

IAX2: enable this option so the extension can be an I1AX2 device.

Analog Station: If you have analog FXS ports in your #0you 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 polycomphone provisioning.

Line Number: used for pdycom phone provisioning.

Linekeys: used for polyconphone provisioning.

SIP/IAX2 password: user password for SIP/IAX2 registration.

NAT: enable this when you use the IP04 in public network and the sip devices are in
o
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private network.

Can Reinvite: eable this and the 1P04 will try to negotiate the endpoints to route the
media string directly (not through 1P04). This can reduce the CPU load of the IP04 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 3way 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 cafjroup for the user.

2.8 Ring Groups

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

e New RingGroup b4

RingGroup Name :

Extension for this ring group @ @400

Ring Group Hembers Available Users

7206 (81P) edwin
7369(51F) Gilly

7206 (1aX2) edwin N
7969 (1H2) Gilly
TT89(SIP) peter
7783(1AKZ) peter
T469(SIP) Grace
7469 (1AX2) Grace
7001 (51P) testl
7001 ([AH2] testl

¥ B [ [

Ring Group Options :
Strategy : |Fing in Order -

Seconds to ring each member @ 2p

If not answered Goto : |Hangup -

QCancel | | Save

10
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2.9 Music on Hold
Cugomize audio tracks for different queues, parked cadl etc.
[\ Renoge “Mosic-onTold” Classes - UMM PIMITETEW PFROCSW |

Hanagze 'Music On Hold® Classes

manage MOH class - " default’

-

| Upload an 8 EHz Nono Nusic file :

Choose file to Upload: | | e | D

Upload 3

List of Sound Files

1000-m1les. wav

=]

=
=4
m

=]

El

]
G

acoustic-escape. wav clete
beach-carnival. wav elete
dancing-in-space. wav 3¢ Delete
df-zweat ing. wav SeDelete
guitarra-in-bb-minaor. wav e Delete
in-walting. wav S Delete
lift-me-up. wav e Delete
night-train-(gorodetskiy).waw M Delete

streaming—frommy—heart. wav

\i

N

1V
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2.10 Call Queues
Call queues allow calls to be sequenced to one or more agents.

Extension : 6500 | @ Hane : @
Strategy : [pimmll o] @ Music On Hold : [gerautt o] O
LeaveWhenEmpty @ [wn - ® JoirEmpty = [yes - @
GQueue Options:
TinsOut: 15 | @ Wrapup Time: 15 @ Max Len: |0 | @
[ @ duto Fill [ @ suto Pause  [] @ Report Hold Time

KeyPress Events : |pone @

Agents: 6] Tou do not have any users defined as agents |

click here to manage users.

©cCancel | | [ Update

Ui Extension This option defines the numbered extension that may be dialed to reach this
Queue.

i Name This option defines a name for this Queue, i.e. "Sales". 'Nanseailabel to help
you see this queue in the queue list.

U  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 Agé
LeastRecent: Ring the Agent which was least recently called
FewestCalls: Ring the Agemnith the fewest completed calls.
Random: Ring a Random Agent.
RRmemory: RoundRobin with Memory, Remembers where lft off in the last ring pass.

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

U  Music On Hold Select the 'Music on Hold' Class for this Queue. 'Music on Hold' classes
can be managed from the 'Music On Hold' pahe

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

U  Join EmptyThis option controls whether callers can join a call queue that has no agents.
There are three options,
Yes: Callers can joim 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

12/
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U Timeout: How many seconds an Agent's phone will rap before the Queue tries to ring
the next Agent.

U  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.

i MaxLen How many calls can be queued at or. This count does not include calls that
have been connected with Agents, it only includes calls that have not yet been connected.
Default is 0, which is no limit. When the limit has been reached, a caller will hear a busy
tone and advance to the next dbng rule after attempting to enter the queue.

U  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 i complete as many calls simultaneously to the
available Agents.

U  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. One paused, an agent can unpause by logging into the queue using the
regular agent login extension.

U 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.

i KeyRess Events:lf a caller presses a key while waiting in the queue, this setting selects
which voice menu should process the key press.

B

Queues Agent Login Settings

Agent Login Extension: ®
Agent Callback Login Extenzion: Q)

To logout of Agent Login Hangup your phone.
To Logout of Agent Callback Login Dial the
same extension used to login, specify wyour

bzent Logout: extenzion and password when prompted, and hit #
when asked for your callback extenzion. This
will successfully log you out of all queues you

are a part of.

Save

U  Agent Login Extension Extension to be dialed for the Agents to Login to the Specific
Queue. This is an extension thaall the Agents can Call to Login to their specified
Queues.

U  Agent Callback Login ExtensianExtension 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.

13
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2.11 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.

Create Hew VoiceNenu X
Nans: @ Advanced Bdit

Extension: 7000 @

[ @ Allow Dialing Other Extensions

Actions (0]

Add new Step: |-~ Feleet an Option —— o

B @ Mllow KeyPress Events

QCancel | | Save

Name Name of this Voice Menu
Extension: If you want this Voicemenu to be accessible by dilag an extension, then
enter that extension number.

i 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 additiond 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.

14
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2.12 Time Intervals
Time Intervals are defned ranges of time that will be used by call routing features.

Hew Time Interval X

Time Interval Name :

© By day of week

L=l to [ -]

) By Dayz of a Month

Date : Momth : [ ]

Time: [ Entire Day

Start Time : End Time :

©Cancel | | Updats

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 ifthe time interval is available for the whole day or only for the
specified hours.

ot A xS e AN

15
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2.13 Incoming Calling Rules

Create, modify, prioritize and delete incoming call rulegor handling Incoming calls based on
service provider and/or the number calledbased on Tme Intervals.

T
New Incoming Rule
Tk [ o)
Tims Interval : | -
Pattern @ B 4
Destination : I:l
©Cancel | [ Update
Goto User 7788 |Edit |
Trunk — Ports 3
Sato User T460 (Edit]
U  Trunk: Which service provide should use this trunk for its incoming calls.
Ui Time Interval: ranges of time that will be used in this rule.
U Pattern: Incoming call pattern.
i Destination: where should the incoming call is routed.

16/
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2.14 Voicemalil

Geeral settings for voicemail function.

General Settings Email Settings for VoiceMails SMTP Settings

Extenzion for checking messages Q)

6050

Direct Voicemail Dial @ 8
Max greeting (in seconds) @ ;30

Dial 0" for Operator 6] H

Hes=zage Options
Maximum meszages per folder Q) s |25 -
Max message time @ [z minutes

Min messzage time @ ;|5 seconds o

Playback Options
Say meszzage Caller-ID Q) H
Say mezzage duration Q) 8
FPlay envelope Q) 8

Allow users to review @ :

(8 Cancel ] Save

General Voicemail Settings:

0

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

Direct VoiceMail Dial Check this to enable dect 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 GreetingSet the maximum number of seconds for a User's voicemail greeting.
Dail 'O’ fa 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 folderThis select box sets the maximum number of messages
that a usermay have in any of their folders.

Maximum Message TimeThis 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 minimun duration of a voicemail
message in seconds. Messages below this threshold will be automatically deleted.
Say Message CalldD: If this option is enabled, the Caller ID of the party that left the
message will be played back before the voicemail messagegins playing.

Say Message Duration (in minutes)f 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 theimessage
before it is submitted as a new voicemail message.

Play Envelope Turn on/off playing introductions about each message when accessing
them from the voicemail application.

17/
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Voicemail to Email:with this function configured, when there is a new voiemail for users,
the ip04 will automatically send the voicemail to the use® email address set in the usés
profile.

Voicemail to Email Preference:
[N

General Settings Email Settings for VoiceMails SMTF Settings

Send messages by e-mail only @

V| &ttach recordings to e-mail Q)

From asterisk@yvourcompany. null
Subject New woicemail from §${VM_CALLERID} for ${VM_MAII

Meszage Hello ${VM_NAMEl, 7ou received a meszage lasting §{VM_DUR} at
${v¥_DATE} from, (${YM_CALLERID}). This is meszage §{VM_MSGHUM] in
Four woicemail Inboxz.

(8) Cancel M Save

Template Variables: 4t : TAE
${VM_NLME}! : Recipient’ s firstname and lastname
${VM_DUR} : The duration of the voicemail message
${VM_MAILEOX} : The recipient’ = extension
${VM_CALLERID} : The caller id of the person who left the messzage
${VM_MSGNUM} : The message rumber in your mailbox
${VM_DATE} : The date and time the message was left

U  Send messages by-mail only: If this option is set, then voicemails will not be checkable
using a Phoe. Messages will be sent viamail, only. Note: You need to have an smtp
server configured for this functionality.

U  Attach recording to email: This option defines whether or not voicemails are sent to the
Users' email addresses as attachments. Note: ¥ameed to have an smtp server
configured for this functionality.

SMTP server setting
i =

General Settings Email Settings for VoiceMails SMTP Settings

Smtp server G) 8

Port G)
(&) Cancel W Sawve

U  SMTP ServerThe IP address or hostname of an SMTP server that your Astfin box may
connect to, without authentication, in order to send email notifications of your
voicemails; i.e. mail.yourcompany.com

U  Port: The port number on which the SMTP server is running; generally port 25.

Note: for Setupexamplefor the Voicemail to Email please refer the application note.
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2.15 Conferencing

MeetMe conference bridging allows quickadhoc conferences with or without security.

New Conference Bridge Xz

gz00 @

Extenszion :

Marked/fdmin user Extension :

@

— Pazsword Options:

@

Pin Code: Admin PinCode:

@

— Conference Room Options:

] @ Flay hold music for first

caller exits

[l @ Close conference when last marked user

0 Enable caller menu O dnnounce callers
o Quiet Mode O Wait for marked user
(S Cancel M 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 confereacbridge using a separate

Admin conference users can lock and u
Marked

extension.
the most recent conference participant.

nlock the conference and can kick
users are special users whose

entrance and exit, if the Wait for Marked user or Close conference ah last marked
user exits can either begin or end the conference altogether.

the Conference Bridge.

Pin Code set an optional pin code, Ex: "1234" that must be entered in order to access

Administrator PIN Caode Defining this option sets a PIN for ConferemcAdministrators.
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

menu by pressing the * "Asterisk” key on their dialpad.
Announce Callers Checking this option announces, to
of any other participants.

Quiet Mode Do not play enter/leave sounds

Wait for Marked User. Prevent conference participants
marked user has joined.

joined the same conference.

Enable Caller MenuChecking this option allows a user to acee the Conference Bridge

all Bridge participants, the joining

from hearing each other until the

19
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2.16 Follow Me

FollowMe Preferences for Users FollowMe Options
status @ : O Enable © Disable
*Music On Hold Class @ :[ o]
DialFlan @ ; t Lonfigured

LIE

t Configured
Destinations @

Add Followlle Humber
Q@ Cancel | B Save

Status Enable/Disable FollowMe for this user.
Music On Hold classthat 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.";

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

e
N

Followle Preferences for Users FollowMe Options

[] Playback the incoming status message prior to starting the followme step(s)
[7] Record the caller’ = name =o it can be announced to the callee on each step

[7] Playback the unreachable status message if we'we run out of steps to reach the or the callee has elected not to be reachable.

@ Cancel | B Save
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2.17 Directory

Preferences for 'Dialing by Mae Directory'

Directory Settings

Dialing the ’Directory Extension’ would present to the caller, a directory of users listed in the sytem telephone dirsctory - from which they can

search by First or Last Name. To add or remove a user from the system telephone directory, edit the " In Directory’ field of the user.

Dirsctory Extension @O
Also read the extension number @ : O

Use first name instead of last name @ : O

[Qcusa | Hsue |
Directory Extension: Extension to dial for accessing the Name Directory
Read Extension numberin addition to the name, also read the extension number to the
caller before presenting dialing options
Use first Nameinstead of Last Name Allow the caller to enter the first name of a user in
the directory instead of using the last name

c:

2.18 Voicemail Group

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

SE
L]

Hew ¥Yoice Hail Group
WoiceMail Group’ = Extension: BBEO0

Label:

User MailBoxes: [|gon1 [Clsooz

® Cancel B Save

2.19 Voice Menu prompts
Record or Upload ctiem VoiceMenu prompts.
Corton Soicn Tom Prowpts ]

List of Custom Voice Menu Prompts

Record 2 new Voice Menu pronpt | |Upload a Voice Wemu pronpt |

WMo custom Voice Memu prompts found !/

You can record a new VoiceMeru Prompt by clicking on the "Record a new Woice Menu prompt °
or click on the "Upload a Voice Menu prompt’ button to upload a custom voice merw.
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2.20 BackUp

Backup or Restore the configure files.

Backup / Restore Configurations
Manage Configuration Backups

4 Create Hew Backup

— List of Previous Configuration Backups :

1 backup_2008feb4_103830  Feb 04, 2008

Download from Unit| |Restore Previous Config| |3¢Delete |

2 backup_2009feb04_103739  Feb 04, 2009 Download frem Unit| |Restore Previous Config| |$€Delete |

i OAdg 2A001 OAA OEA AAAEOD x1160 OAEA AEEAAOD
network setting in the GUland save/reboot.

2.21 Active Channels

Displays current Active Gannels on the PBX, with the options to Hangup or Transfer.

Channel Nanagement

Refrezh Mow

Active Channels - 1

Refreshing Active Charmels in 1 Seconds
Channel State Seconds
SIF/A002-011£f2680 Op 4

Application

Voicems:l (§ (ARGIF, u) Transfer Hangup

22/
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2.22 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 Language Change Password Reboot Advanced Options

Advanced Options

Clicking the "Hide fdvanced Options’ button below removes the advanced menu items on the left hand

sidebar

Notice! Digium does not provide support for the options configurable in the Advanced menu items.
Digium does not provide support for bugs uncovered in the Advanced menu items. If your unit becomes
ingperable due to editing of the Adwanced menu items, Digium Technical Support will request that wou

rezet wour unit toFactory Default configuration. Contirme at your owm risk.

The advances options include:
Call DetailRecords

Active Channels

Bulk Add

File Editor

Asterisk CLI

IAX Settings

SIP Settings

Network Settings
Firmware update

[t A e A S o A ot o A ot A o N e

2.23 Advance Options? Network Settings

Network and time zone setting.

k‘etvorking setting

eth0 Interface

DHCP: me o
Hostname: ip0d
Domain:
IF address: 19Z.168.1.230

Subnet mask:

265, 286, 258, 0

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

VLAN Interface for EthO

TLAN:

=

Vlan rumber:

¥lan IF address:

Wlan Subnet mask:

Vlan Gateway:

System TimeZone

TimeZone: | (GMT +8:00 hours) Feijing, Perth, Singapore, Hong Kene, Chongaing, Uramai, Taipei -

©Cancel | @ Save
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2.24 Advance Options? Call Detail Records
Shows the call details.

CDR viewer << prev next >>

Viewing 1-T of T YView: [10
{most recent first)

Manager CDR Files

2.25 Advance Options? Firmware Update
Update the firmware of your device

Dovnload image from a :

) HTTP URL © TFTP Server
TFIF Server : 192.16%.1.234 [ |
File Name 6] : ulmage-mdd

igs @
Reset Configs

HTTP and TFTP update is available for the firmware update.

U TFTP serverTFTP servewhichinclude the update firmware

i File Name name of the new firmware, please make sure that you areaisimth firmware
for the updating.

i Reset Configsenablethis if you want to reset the networking and asterisk configs after
upgrade.

2.26 Advance Options? File Editor

Here you can modify the asterisk configure files directly.
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| File Eaitor Contic Files vl

Config Files -
adzi. conf * i
agents. conf

applyzap. conf
asterisk. conf

edr. conf

cdy_custom. conf
cdy_manager. conf
codecs. conf

dnsmgr. conf

dundi. conf

enum. conf

extrconfig. conf
extensions. conf
features. conf
gui_confighw conf
guipreferences. conf
hitp. conf

iaz. conf

iazprov. conf r

Note: Please make sure you kwowhat the meaning in the files before trying to modify these
files.
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3 Application notes

3.1 Install hardware

The IPXX series IP PBXs use interchangeable FXO/FXS modules. The FXO and FXS signaling
use different modules. Below are the available modules for theystem.

Avaiable Modules

Description | Suitable Products

i one channel FX0 module [|IPO1,IP02 P04 and IPO3

one channel FXS module |IPO1,IPO2 P04 and IPO2

dual channel FX0 module IPOZ and IPOS

& (dual channel FX5 module IPO2 and IPO3

FXO: use to connect to the PSTN line
FXS: use to connect to the analog phone.

Install illustration:
1) IPO1 with one FXO

2) P04 with two fxo two fxs modules.
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