Table of Contents

1. OVEIVIEW & FEATUIES....ceiiiieiiieeiee ettt ettt ettt ettt et e ettt e e e e et e e s be e e bt e e ebbeeebbeaesbeeeabbeesabeesaseeenbeesaeean 3
2. AAMIN PANEL .ttt ettt sttt bt e e sae e e s b be e sateesa bt e e abe e eane e e bt e enteaeaneenraeeas 9
2.1.LogIiN ON AdMIN IMOTUIE ...eviiiiiiiieieciee ettt s e e e s e e e s st e e e ssabee e asnreaeesssseeeessnnnes 10
2.2, AdMIN DAShBDO@rd........cooiiiiiie ettt ettt e et eb e e e st be e st e et e b e 11
2.3 AAMINISEIATON .ttt st sh e st ea bt et e b e e nn e e s e eheesabesab e e e e ebeenreens 12
2.8, BIACKIIST. .t h e e et e e b e et e bt ea b e e beeneenree s 15
R R €e]q) - Tot a1V T -] O OO PSP P PP PR UUPPPPOPTPP 19
2.6. CUSTOM DESTINATION ...ttt e e et e e s st e s s st e s s e e e e s braeeesnneas 24
2.7. CUSTOM EXEENSION . ...eiiiiiiiiiee ittt ettt e e e e e e s sair bt e s st e e e s e ee e e snraeeesnnees 27
2.8. FEALUIE COUES ...uveiniiiiie ittt ettt ettt s ettt bttt et e bt e e bt e s e sh et s abeshbe e st emsee seeeseeereeemeeemneenneens 30
P Yo 10 [o I I T = U =T PSR RTNE 35
2.10. SYSEEM RECOINMINES ..vieieiiieeiiiiiee e ettt eeetee e e tee e et te e e et ae e e s eatteeeeeasbaeeesansaeeesnseaeesansaeseasssseeennnnees 41
0 B R O =T |V, = T g = T=d=T 0 4 1T o PO 47
Y o] ] Tor= Yo o - TP PRSP 51
3.1 ANNOUNCEMENTS ittt e s e s bt e e s srr s e s e srae e e snnns 52
3.2, Call FIOW CONTIOL ..ttt sttt sttt et b et she e s e eab e e e es bt e sneeaneeseeens 57
I TR0 | 2 V=T oo o 12 V-SSR 61
R 00 0 =T =Y o 1ol Y- OO OU U PRRUPTO PSR PRRPROPIN 64
R D ¢ Tel o] o 2O OO PPT U PUTPPPPPPPO 69
I T =T 0 1 (o o [P PP PP P PPPR 73
3.7 FOIOW IMIB ..t ettt et st b e st a e eb bt e bt e bt et e s b e e s beehteea bt e ab e e e eaneesreenn 95
I T LV OO PO TP PR RUORUPPPPPPPO 97
I - T=dTaT=a= Y Vol [ o =T ol o o[PS U TPSR 104
I O R - 1 1= PPN 109
O @] o1 T=To1 £V 1 1Y SO O OO SO TP PP PPPPPTTURRROPIRE 116
4.0, INDOUNG ROULES ..ottt ettt ettt et e st e s st e s b e e st e e e bte s sueaesnte e sabeesnbeeennbeanbeeannees 117
4.2, OUEDOUNGT ROULES .. ittt ettt et ettt ettt e st e et b e s sat e e sataesubaeesabeeeubeesambeeenneeannees 123
I TR 0 o1 OO O TP PP P PP PRRPP 135
Lo (=] oo o PP PPP PP PPPPPPPPRUPPPRt 139
5.0, CDR REPOITS ..uueiiiietieeteeeeieitit ittt ee e e s ee sttt e et e e esessssaeteeteeeeee st b bbbeeeeeesaassasssstsbeaeesesensnsnssesaesaeanns 140
5.2, Call EVENT LOBEINEG. .. uviiiieiiiiieiiiieee sttt tte e sttt sate e e e et e e e st e e e e st eeeaesbteaeesasbeeessssaeaeesasnseneanan 142
LT TR o =4 o = O PR SPPPRPPO 143
5.4, PriNt EXEENSIONS ... ittt ettt ettt ettt s r e e s e s e e s e e s e n e se s 144
LS Y= 4 o [T PSR 146
6.0, IMIANAEE USBIS..uuuiiiiiiietieeeeiititiie ittt eesee sttt teteeeesesssaaaaeaeeteeeeea st bbebeaeeeesaassssssnsebaaeeeesensnnnsssneaaeens 147
6.2, IMUSIC ON HOIG ..ttt et bt ettt be e b e see e s abesmbeesneenneennee 150
6.3, S P SO EINES 1. eiiietieee ettt ettt e e e s st e e e e e e e e e s bbbt teeaeeee e e e et b bataeaeeeeeea s raraaaeaeeens 153
6.4. VOICEMATT AGMIN L.ttt ettt ettt e sae e a e seb e e bt e e e nee e 157



S L0 e (VI =T @oT ] o I =Y =1 ) SRRSOt 163

2 R 0 | 11 o] o O PP UPRPPRPP 164
A O | Y=Y oY £ o -3 TSP 166
7.3 CONTACT ettt e et a e e 168
R == o Lol TSP STRRPPRPN 170
28 T =L g Vo [ Yo Lo Y= T =3 USRS 173
7.6, USEI SETTINGS ..ttt ettt e s ettt te e e e eeeass sttt eeeeeeessaesasantbteaeeaesanasansseannaaeenns 175



1. Overview & Features

Adore IPPBX System User
Guide

PBX System — A Private Branch Exchange

Adore Infotech offers an outstanding array of voip solutions. Adore IPPBX System is
one such proven voip product that is easy to set up and maintain. It has literally
replaced the conventional PBX or phone system, and provides the extension
number facility through which one can transfer, conference or make calls in that

system.

The voices are sent through the data packets on a data network. It has eliminated
the use of traditional phone network in the corporate houses. Adore IP-PBX is the
complete PBX software which is easy to install, configure and very economical as

well as possess many additional functionality.
Adore IPPBX System : System Specification

Adorelnfotech recommends following Hardware and operating system.

Hardware Requirements: Intel Core i5 Processor /16-32 Gb RAM/1 TB HDD

Software Requirements:
e Linux CENTOS 7.x (complete installation)
e Yum Server

Internet connection:



The use of a 1Gbit Ethernet card is a prerequisite for Adore system with good
broadband internet connection .

Pre-installation Considerations:

Here is some information that we think is worth knowing prior to installing the

Adore IPPBX System.
e Linux server should be on public IP.
e SSL Certificate should be install on the Linux server

Carrier:

Carrier which supports SIP calls, g711, g723 and g729 codecs.

Installation:

Adorelnfotech requires remote access of server for installation. The installation will
be done by SSH connection on Linux server.Its installation requires internet facility
and the time taken for its set up mainly depends on the nature and amount of
customization to be done and the nature of service provider’s infrastructure. Our
competent and reliable force of engineers renders spectacular services in solving

every bit of installation related problem.



A comprehensive advance and exhaustive PBX solution

Call Conference Call Recording Call Transfer Call Queue
Announcements MOH (Music on Hold) Follow Me Voice Email
Advantages Of IPPBX:

There are various key benefits for utilizing a PBX versus phone service or obtaining

an office phone system.

e Preparatory Expense Savings : You don't have to make an extensive
forthright venture by acquiring an office phone framework and there is no
compelling reason to look after it. With a PBX arrangement the workplace

phone framework is worked and kept up by you're supplier.

¢ Unremitting Expense Savings : Typically, a PBX execution is fundamentally
more financially savwvy as time goes on than a conventional PBX. These
progressing reserve funds are not with standing the beginning investment

funds on capital cost.

e Reliability : For little organizations a virtual framework can give them
moment validity by giving their clients an expert sounding phone
arrangement. Conventional phone frameworks are by and large cost-

restrictive for littler associations.

e Measurability: Traditional telephone frameworks are constrained by what
number of clients they can deal with and additionally what number of lines
you have acquired from your neighborhood phone supplier. Virtual
frameworks can extend and develop with your business as you need them

to.



e Instant Setup : A PBX arrangement can have you up and running
immediately contrasted with a customary phone framework.

e Lack of Difficulty for Use : Customer management of a PBX is significantly
more easy to use than is the situation with conventional arrangements.
Natural web interfaces imply that anybody can oversee, screen and roll out
improvements to the administration whenever, without requiring any
particular ability.

Combined with Adore Infotech reasonable & straightway support, this PBX permits
customers to convey bother free and dependable IP-based telecom administrations
in a fast and consistent way with insignificant interruption for having a low

resilience in downtime that adds more indicates its expense viability.

Those Are Just A Few Main Features, There
Are Plenty More

e View User

e Add/Import User

Account Features

e S|P Settings

e Trunk Settings

Call Plan & Dial Plan Features

e Dial Plans

e Out Going Call Rules

e Incoming Call Rules




PBX Features

Call Conference

Call Recording

Call Transfer

Call Queue

Announcements

Ring Groups

MOH (Music on Hold)

Follow Me

IVR (Interactive Voice Response)
Voice Email

Time Condition

Time Groups

Call Status & Reports

e CDR Reports

System Features

e System Status




Network Diagram of Adore IPPBX System
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2. Admin Panel
Adore IPPBX System

PBX (Private Branch Exchange) is a phone exchange or exchanging framework that
serves a private association and performs grouping of focal office lines or trunks
and gives intercommunication between an expansive numbers of phone stations in
the organization. Generally, a mini business PBX is a phone exchanging framework
that oversees approaching and active requires an organization’s inner clients. A PBX
System is associated with general society telephone framework and naturally
courses approaching calls to particular expansions. It additionally shares and deals
with different lines. A normal miniature business PBX framework incorporates
outside and inner telephone lines, a PC server that oversees call exchanging and

directing and a console for manual control.

Admin Module

e How to Login Admin Module
e Admin Dashboard

e Administrator

e Blacklist

e Contact Manager

e Custom Destination

e Custom Extension

o Feature Codes

e Sound Languages

e System Recordings

e User Management



2.1. Login on Admin Module
Login on Admin Module

Please visit following URL : http://pbx.adoreinfotech.co.in/admin

Enter the user name and password in the appropriate box, and click Login button.
User Name : admin

Password: admin

Addre

PBX System

User Name

admin

Password

Remember me

10



2.2. Admin Dashboard
Admin Dashboard

plications B cann

System Overview

Welcome to IPPBX

PPN TR0 15210 “IPPEX]
(¥ou can change this name in Advanced Setrings)

Summary Sysinfo updated IPPEX seconds ago
Asterksk o
MySQL v
Web Server o
Uptime

System Last Rebooted

LFREX aga

Load Averages
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2.3. Administrator
Administrators Module

The Administrator's Module allows you to set up additional users and passwords for the
PBX Admin. You can then pick which PBX system modules the additional users can

access. Additionally, you can give users access to all modules with a single click.

Go to Admin - > Administrators

Gl Dashboard 5 Admin 5 Applications % Connectivity 05 Reports 5 settings Apply Config
9 Administrators
System Overview =TT IPPBX Statistics =
Users Orén Users Offin @ TrnisReg @ Trunks OM @ Actve G20
Welcome to IPPBX @ Users Orin (O Users OMin @ Trumiks Reg unks o

Contact Managet
IPPEX 13:0.192.19 'TPPEX’
[¥ou can change this mms in Advance,  Custom Destinations

¢

Sy SSINfO Ul ysrom Extensions
Asterisk -
MysQL o Feature Codes
Witk Sarve 1
o . Sound Languages
°
System Recordings
Lptime User Management

System Last Rebooted

TFFEX 4

Load Averages

L LT

On Click Administrator following screen will appear.

12



D Admin M Applications m

Add Administrator

= General Settings

Username 2}

Password (2

= Access Restrictions

Adminiccuin ) Selected Action Not Selected

ALLSECTIONS | | Add Extenzion |l
Administratars | Advanced Seitings
AnnGURCEMENtS | | Apply-Changes Bar
Asterisi IAX Settings | [(Asterisic lnfo
Asterlsk Logfile Settings

Asterizk Modules'| ‘Hackup & Restors
Backop & Restora - Restore

Backup & Restore - Sérvers

Backup & Restors - Templates  Slacklist
COR Eeports. | Call Evant Logging

Call Flow Contral| | Call Recarding
CallerlD Lookup Sources

Certificate Management, Conferences
Coantact Manager | Custam Destinations

CUSEGM EXtenFions

You can add a user from the landing page seen above. Or, if you are in a current user page, you can click
the "Add User" Link at the top of the user list.

Username

This is what the user will log in with. Usernames cannot have spaces and must be unique. Usernames

such as "admin," "administrator," and "maint" are pretty common and probably should be avoided. Use
something that you will remember. You may try your company name, or company name with "admin" at

the end.

Password

Define the password for the user. The password cannot contain spaces. The password should be over 8
characters and contain a mix of upper and lower case letters and numbers. We do not have these
minimum requirements programmed in, but you should always use good password practices when

creating a password.

Admin Access

Here you can select which modules the user is allowed to see and manage. Drag modules from the Not
Selected bin to the Selected bin.

13



Save User:

Click the Submit button. You may now log out. Then, try to log in as the new user and make sure

everything works as expected.

NOTE
Don't forget to give them access to "Apply Changes Bar," or they won't ever get the Apply Config

button after saving changes, and their changes will never take effect.

14



2.4. Blacklist

Blacklist

The Blacklist module allows you to have a list of numbers that will be blacklisted by
the PBX. If a caller calls from one of those phone numbers, they will be sent to a
destination you choose. If you do not choose a destination, they will hear the
message "The number you have dialed is not in service. Please check the number

and try again."

Go to Admin -> Blacklist

Aapply Config

Administrators

System O\rem IPPBX Statistics =
B @ Uses Onin D Users Ofin @ Trumis Rep @ Tronks O I Attve Cals
4

Welcome to IPPBX Contact Manage:
i

ERREAEFRLE L N

Custom Destinations

{You can change this na
Sunmman . . )
¥ Custom Extensions
Asterigk +
MySaL o Feature Codes
Wl e - .
bl - Sound Languages
]
System Recordings
Ypkime Usér Management
Systom Last Rebooted
PP a0
Load Averages
8,00
Mimure $ Mimutes 15 MisuRes

On click Blacklist following screen will appear.
M Admin Applications Connectivity Dashboard Reports sertings O

Blacklist Module

Blackliist ImporyExport Sertings
+ Blacklist Number Lt & -
- Numbaer Description Actions

Mo matching records found

15



Blacklisted a Number

Make sure Blacklist is the active tab. Click the Blacklist Number button. A window

will pop up where you can enter a number and description.

Add or replace entry

Number/CallerlD

Description

To blacklist a number, simply provide the following information:

Number

Define the 10-digit number that you want to blacklist.

Description

Here we give this entry a name such as “Ex Stalker Employee John.”
Save Changes

Once complete click the Save Changes button. You'll receive confirmation that the

number was added. Then, you can click the Close button.

Removing a Number from the Blacklist

In the Blacklist tab, check the checkboxes for the entries you wish to delete.

16



Click the Delete Selected button to delete the selected entries. Click OK to confirm

the deletion.

Blacklist Module

BLACKLIST IMPORT/EXPORT SETTINGS

Description Actions

Uniknawi & 1 |

Showing 1101 of 1 Tows

Alternatively, you can click the trash o icon for an individual entry to delete it. Click

OK to confirm the deletion.

Click the statistics button £ to view a list of inbound calls from the blacklisted
Caller ID. Note these are not necessarily all "blocked" calls, since the list will include

any calls received prior to when you blacklisted the number.

Call Log

Loading, please wait,.,

Call DatefTima

Mo matching records found

Importing or Exporting a Blacklist in CSV File

Format

Click the Import/Export tab.
The required CSV format is shown.

17



To import a CSV file, click the Import from CSV button, select a file from your
computer, and click the Upload button.

To export a CSV file, click the Export to CSV button.

Blocking Unknown Caller ID Calls

You can also optionally decide to block all calls that come to your system with a
blocked Caller ID. To do this:

Click on the Settings tab within the Blacklist module.

Click the Yes button next to “Block Unknown/Blocked Caller ID.”

Choose a destination. If you do not choose a destination, callers will hear the "not

in service" message.

M & Dashboard B admin I Applications 31 Connectivity M Rieports 0 Settings Apply Config

Blacklist Module

BLACKLIST IMPORT/EXPORT SETTINGS

Block Unknewn/Blocked Caller 1D (0 m

Destination for BlackListed Calls 0

== choose ong ==
8

Click the Submit button.

Here you can add Blacklist number manually by using "Blacklist Number".

18



2.5. Contact Manager

Contact Manager

The Contact Manager module lets you add contacts to groups. Contacts can be
grouped under Internal or External categories. A default group called "User Manager"

contains all users and cannot be deleted.

Go to Admin — Contact Manager to visit the module.

5 Adenin I Appt D Connectivity (% Reports I8 Sertings

& Dashboard

System Overview

Welcome to IPP;
PRI 13.0,482.19 IPP]

(¥ou can change this name in Advance

Administratons

Custom Destinations

IPPBX Statistics
@ Users Onlin @ Users O%in @ Trunks Reg @ Trunks O3 Active Cals

=hmary SYSINfO OB e Bvtensions
Asterish " L
MySQL s Crit Feature Codes A -
Wl Server o Sound Languages J” M ,\ n
- [
System Recordings
Uptime

User Management

System Last Rebooted

FREX age

Load Averages

an LR

I Minuge 3 Abnue: 15 Riinistes

On click Contact Manager following screen will appear

5 Admin [} Connectivity 5 Reports [ Settings

[ applcations

Contact Manager

INTERNAL

{ Mo Groups for this type _J

EXTERMAL

Contact Group Types

Internal Groups- These are contact groups of internal extensions. The Contact

information is pulled from the User Management module.

External Groups- These are contact groups of extension contacts such as customers

and vendors.

19



Adding a New Group

Click Add New Group button.

I Rieports [ Sottings Apply Config

Contact Manager

INTERNAL EXTERMAL

Enter the group a Name and select which Type of group to create. and click submit

button.

Apply Config

Add Group
Name ) e
Type& e External

External
Intermal

Internal Groups

Under the Internal Groups tab, you should see your already-created Internal groups.

Each internal group will have its own tab.
In this example, we have an internal group called "Employees.”

From here you can view all users in this group, as well as modify the group name if

desired, edit or delete users, and add entries.

20



Internal External

User Manager Group

# Edit Group X Delete Group Search E i
Display Name First Name Last Name User Actions
1001 (1001) - - 1001 & @
101 (101) - . 101 Z @

Showing 1 to 2 of 2 rows

Editing an Internal User:

Click the edit button ( (& ) next to an entry.

The default information for an internal user is pulled from the User Management
module. This information is shown in light gray text. You can override the default info by
typing into the fields. Anything you enter here will show in dark text and override what is
in the User Management module (for the purposes of the Contact Manager module

only). The User Management module will retain the original information.

Click the Submit button when finished editing.

v
M—' Admin applications Conneetivity Dashboard Roports Settings &

Edit User

Login Detalls Wser Dotalls FreePBX Administratlen GUI Contact Manager uce

Login Name O
Description &

Password @

Groups &

Primary Linked Extension ©

Submit Reset Delete Submit & Send Email to User

External Groups

Under the External Groups tab, you should see your already-created External groups.

Each external group will have its own tab.

21



In this example, we have an external group called "Vendors.” From here you can view
all users in this group, as well as modify the group name if desired, edit or delete users,

and add entries.

Apply Config

Contact Manager

INTERMAL EXTERNAL

QOFFICES
Display Name Company Numbers Actions |
Patrick Atlore Infotech 5451101 80wnrk) Z @
Showing 1801 of 1 rows |
=

Editing an External User:

. Click the edit button ( £
) next to an entry.

« The information for an external user is not automatically pre-populated, because this
information is not pulled from internal sources. You can edit the Display Name, First

Name, Last Name, Title, Company, Address, Numbers, XMPP, Email, and Website.
e Click the Submit button when done editing.

22



Apply Config

(Offices - Add Entry

Display Name ()

Patrick
First Name Paitrick
Last Name (5 Shawn
Title S

Contact Image (2 Drop & new m
image here

Company & adore Infotech
Address © Melbarne
#
Numbers (2
@ FIEEETT0N4 Ext. oo Type werk v
Speed Dial =10 | 3 : | ¥Enable

+ Add Number
XMPP (D

+ Add XMPP
Email (3

<+ Add Ermail
Website (I

<+ Add Website

23



2.6. Custom Destination
Custom Destinations

The Custom Destinations module allows you to register your custom destinations that
point to custom dial plans and will also 'publish' these destinations as available
destinations to other modules. This is an advanced feature that is used to link to custom

code on your PBX and should only be used by knowledgeable users.

The custom Destinations module can be used by any module that supports

destinations.

A few examples of modules that use destinations
Inbound Routes

Announcements

Queues

Extensions

Go to Admin - Custom Destinations

& Dashioard 5 Adimin (5 . 5 [ 3 (5 Settings

Administrators
System Overview ey IPPBX Statistics o
Blackhist
B Users Orin O Users OMin @ Trunks Reg B Tonks O @ Active Cals
:

i 74 ’

Welcome to IPPBX
3 19 IPPBg

tact dana

Custom Extensions

i * 14
MysQL o Feature Codes
VEED Serve * Sound Languages Im L
System Recordings %
Uptime User Management

System Last Rebooted

Load Averages

fiutes

On Click Custom Destinations following screen will appear. The Custom Destinations
module allows you to register your custom destinations that point to custom dialplans. It

will also "publish" these destinations as available destinations to other modules.

24



Custom Destinations

Custom Destinations aflows you ta register your custom destinations that point to custom dialplans and will alsa *publish’ these destinations as available destinations to other
medules. This is an advanced feature and should enly be wsed by knowledgeable users. If you are gerting warnings e errers in the notification panel about CUSTOM
destinations that are correct. you should Indude them here. The "Unknown Destinations” chooser wiil allow you to choose and insert any such destinations that the registry ks
not aware of into the Custom Destination field.

Add Destination searct B =-

Destinations Actions

Mo matching recosds found

Note : This is an advanced feature that is used to link to custom code on your PBX and

should only be used by knowledgeable users.

Creating a Custom Destination

For each custom dial plan destination, you can define the following:

5 Applications 1 Connecthvity Sottings Apply Config

Custom Destinations

Custorm Destinations allows you 1o register your custom destinations that point to custom diafplans and will also “publish’ these destinations as available destinations to
other modules, This is an advanced feature and should only be used by knowledgeatle users, If you are getting warnings or errars in the netification panel abour CUSTOM
destinations that are cornect, you should include them here. The "Unknown Destinations” chooser will allow you to choose and insert any such destinations that the registry
is not aware of into the Custom Destination fiehd,

‘Add Custom Destination

Target () 1
Description ) 2
Notes (2 3

4

5 EEED

1. Target

This is your custom destination. Define the custom dial plan that you want to route the
caller to in the format [context],[exten], [priority]. Example: “afterhours-pin,501599,1,”

which is the start of the custom “After Hours Pin” dialplan we have on this box.

2. Description
Give this custom destination a friendly name. Example: "My Custom Destination"

25



3. Notes

Here you can define notes on what this custom dialplan or script is used for.

4. Return

Does your custom destination end with 'Return'? If so, you can then select a custom

destination after this call flow is complete.

If you select Return: Yes, then you will see a new dropdown menu where you can select

the appropriate return destination.

5. Submit

Don't forget to click the Submit button and click the red Apply Config button at the top

when done.

26



2.7. Custom Extension

Custom Extension

The Custom Extensions provides you with a facility to register any custom extensions
or feature codes that you have created in a custom script or dialplan when the PBX
doesn't otherwise know about them. This makes the Extension Registry aware of your
own extensions so it can detect conflicts or report information about your custom
extensions to other modules. Also, this helps prevent you from creating a duplicate

extension number somewhere else in the PBX.

The custom extensions registers extensions used in your own custom applications to

ensure they don't conflict with other PBX Modules.

Go to Admin -> Custom Extension

fer Daskhiboard B Admin 3 Applications 5 Connecthdty [ Reports 5 Sattings Apply Config k] ! o ]

Administrators
System Qverview Blacklit IPPBX Statistics 4
Kl
B @ Users Onin D uUsers Ofin @ Truniks Reg @ Trunks O @ Active Cals
Welcome to IPPBX - .

£.192.19 "IPPBR
e

Contact Manage:

Custom Destinations

4 m
Asterisk +
Y

o il Feature Codes

Sound Languages

System Recordings

Uptime Lzer Management
System Last Rebosted

PR8N ago

Load Averages

00

On click Custom Extensions following screen will appear. For adding Custom

Extension click on "Add Extension" button.

27



Apply Config

Custom Extensions

Custarn Extensions provides you with a facility to register any custom extensians or feature codes that you have created In @ custom file and IPPEX doesn't othenwise know
about them, This allows the Extenslon Registry to be aware of your own extensions so that it can detect canflicts or report back Information about your custom extenslons to
other modules that may make use of the Information. You should not put extensions that you create In the Misc Apps Module 25 those aré not tustom.

Extension Description Actions

Mo matching recerds found

Creating a Custom Extension

For each custom extension, you can define the following:

Apply Config

Custom Extensions

Custom Extensions provides you with a facility to register any custom extensions or feature codes that you have created in a custom file and 1PPBX doesn't etherwise know
about them, This allows the Extension Registry to be aware of your own extensions so that it can detect conflicts or repedt back infarmation about your custom extensions to
other modules that may make use of the information. You should not put extensions that you create in the Misc Apps Module as those are not custom.

Add Custom Extension
Custem Extension )

Description (& 2
3

Motes (2

4ESEES)

1. Custom Extension

Define the custom extension number that you want the PBX to be aware of. You will not

allowed to use the number for something else.

2. Description

Give this custom extension a friendly name.

3. Notes

28



Here you can enter notes on what this custom extension is used for.

4. Submit

When done, don't forget to click the Submit button followed by the red Apply

Config button in order to save and apply your changes.

Now Custom Extension are added.

Custom Extensions

Custom Extensions provides you with a facility to register any custom extensions or feature codes that you have created in a custom file and IPPBX doesn’t atherwise know
about them, This allows the Extension Registry to be aware of your own extensions so thatit can deteot conflicts or report back information about your cusiom extensions to
other modules that may make use of the information. You should not put sxdtensions that you create in the Mist Apps Module as those are not custom.

Extengion Dezeription Actions

I = UK &0 I

Showing 1 to 1 of 1 rows.

29



2.8. Feature Codes

Feature Code

The Feature Codes Module is used to enable and disable certain features available in
your PBX and Asterisk, and to set the codes that local users will dial on their phones to

use that particular feature.

For example, the Feature Codes Module can be used to set the code that a user will
dial to activate or deactivate Call Forwarding. It can also be used to set a Code that can
be used to enter into an Echo Test, to hear your extension number, or to hear the time

of day.

The Feature Codes Module sets the codes used to activate and deactivate features that

are configured in various other PBX modules.

In addition, the Feature Codes Module is related to the Advanced Settings Module. In
the Advanced Settings Module, when the Enable Custom Device States option is
activated, the PBX will create a set of codes, based upon some of the Feature Codes,
that can be used to enable phones to display the status of various features on a

light. The feature is known as a Busy Lamp Field (BLF). For example, a Busy Lamp
Field can be used to show whether a Call Flow Control is enabled or disabled or

whether a particular extension has enabled or disabled the Do Not Disturb feature, etc.

You can see a list of codes that can be used to display the status of the features on a
light by accessing the Asterisk Info Module, and then clicking on Subscriptions. Each of
the codes listed there can be entered into a phone's Busy Lamp Field and will display

the status of the related Feature Code.

Go to Admin -> Feature Codes
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On click Feature Codes following screen will appear.

The Feature Code module is where you can view all the feature codes that are built into
your PBX. You can perform the following actions for each feature code:
Change a feature code number.

Enable or disable the feature code.

Customizing a Feature Code

You can customize a feature code by setting it to something different from the system
default.

In our example we will look at the "blacklist a number" feature code. The default is *30.

Notice the Code field is grayed-out and cannot be edited at this point.

Select the Customize button. The button's color will change to dark blue. The

background of the Code field will change to white, indicating that you can now edit it.

Click the Submit button followed by the red Apply Config button.

31



Apply Config

Feature Code Admin
= Blacklist

Description Code Actions

Blacklist b
ekt s cuember © 0 [Fcomomin ] enabied |
Remaove a number frem the blacklist &) o m m

= Callforward

Description Code hctlons

call Forward All Deactivate o m
call Forward All Prompting Activate s m m
call Forward All Prompting Deactivate = m
0 [ cusomize | eoabied |
= [ customtie | cosbied |
Call Forward Busy Prompting Activate o m m
Call Forward Busy Prompting Deactivate “52 m
Call Forward No Answer/Unavailable Activate <z m m
5 [ cutomiza | coabied |
9 [ costomize | cnabiea |
56 [ customize ] enabied |

Call Ferward Busy Activate

Call Forward Busy Deactivate

Call Forward Mo Answer/Unavailable Deactivate
Call Ferward Mo Answer/Unavailable Prompting Activate

Call Forward Toggle

= Callwaiting

Description Code Actions

Call Waiting - Activate

Call Waiting - Deactivate

= Conferences

Description Code Actions
= Contactmanager

Description Code Actions

Contact Manager Speed Dials 10 m
= Core

Description Code Actlons

Asterisk General Call Pickup o m m

Directed Call Pickup . m
In-Call Asterisk Attended Transfer 2 m m
In-Call Asterisk Blind Transfer = m m
In-Call Asterisk Disconnect Code e m m
In-Call Asterisk Toggle Call Recording . m
Simulate Incoming Call 7177 m m

= Daynight

Description Code Actions

4: This Is a testing purpose. o m m
= Donotdisturb

Description Code Actions

DND Deactivate



Note : Be sure the new feature code is not a duplicate of a code used elsewhere
already. (The system will not warn you of duplicates.) Also, the feature code
should be absolutely unique. Using *12 and *123 may cause an issue in some

versions.

Restoring a Feature Code to the System Default

It is easy to change a customized feature code back to its system default, and you do
not have to remember what the original default was. The system will take care of it for

you when you de-select the Customize option.

Your feature code is in a customized state if the Customize button is dark blue and
the Code field has a white background and is editable.

For example, here we changed our Blacklist feature code to *9 as shown earlier.

To restore the default, simply click the Customize button again. It will change to light

blue, the Code field will revert back to the default, and the field will not be editable.

In this example, the default code for blacklisting a number has been restored to the
default of *30.

Click the Submit button followed by the red Apply Config button.

Enabling or Disabling a Feature Code

In the event that you would like to completely disable a feature code from being used,

you can toggle the Enable/Disable option for it.

To disable a feature code, click the Enable button to turn it to light blue in color, then

click the Submit button followed by the red Apply Config button.

Description Code Actions

Blacklist ber () P -

To enable a feature code, click the Enable button to turn it to dark blue in color, then

click the Submit button followed by the red Apply Config button.

Description Code Actions

Blacklist ber () P -

33



Remember, the Enabled button shows whether you have selected an Enabled or
Disabled state, but the settings aren't applied until you click Submit and Apply config.
Also, remember dark blue=enabled and light blue=disabled.
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2.9. Sound Languages

Sound Languages

The Sound Languages module controls which languages are available for sound
prompts, for both callers and users. You can define the global default language for your
system and make other languages available. This is where you install or remove

languages.

Go to Admin -> Sound Languages

@ Dashboaard D admin [ Applications [ Connecthvity [P Reports P seitings Apply Config

Adminkstrators
System Overview 1PPBX Statistics =

Blacklist
@ Users Onbn O Users OFin @ Trurks Rag @ Trunks O @ Actve Calis.
Welcome to IPPBX . . M anager )
IPPEK 13.0.192.19 IPPBX’
a8

{¥eu can change this name iv Advance, Custom Destinations
Summary Sysinfo upe Custom Extenskans -’
Asterkk ~
o - e
rysaL > it Feature Codes
Wb Sepver o § 9 n N
Sysiem Recordings
Uptime

User Management

System Last Beboated

Lead Averages

On click Sound Languages following screen will appear. Here you can select a
language for sound prompts in modules such as Inbound Routes, Conferences, and
Extensions to name a few. You can also use the Languages module (not to be confused
with Sound Languages) to change the language for sound prompts at any point in the
call flow. The available languages will depend upon what you have installed in the

Sound Languages module.
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The Sound Languages module allows you to set the global default language for sound
prompts. The system will use the global language defined here unless the language is
changed somewhere in the call flow, such as by an inbound route, extension, or the

Language module.

The Sound Languages module also allows you to add or remove additional languages
in various codecs. Several language packs are available. You can also define a
language code for custom languages, which will allow you to install and use sound files

for that custom language.

The system has hundreds of built-in sound prompts for both callers and users. These

are core-sounds and extra-sounds.

Changing the Language in a Call Flow

Detailed instructions are beyond the scope of this wiki, but there are two general ways

to change the language in a call flow.

Using the Languages module (not to be confused with the Sound Languages module),

you can dynamically change the language used, anywhere in the call flow.

Many other modules have the option to change the language. Look for a "Languages"
option, and visit the module-specific wiki for more information. For example, in the
inbound routes module, you can set a language for a specific DID. If the French

language is installed (confirmed by checking the Sound Languages module), you can
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choose French for the inbound route. Sound prompts would then be played in French
for calls inbound to this DID, and this selection would carry over to other points in the

call flow unless it is changed later in the flow.

Available Language Packs

The following languages are available as built-in options at the time of this writing:
American English

Australian English

British English

Spanish

French

Italian

You can also install custom languages.

How to Install and Remove Language Packs

When you arrive at the Sound Languages module, the Language Packs section is

shown by default.

]

K m Admin Applications Connectivity Dashboard Reports Settings Bpply Config [«

O Settings @ CUSTom LanEuages

i
I+

Language Author @c

Czech {es) Westany Lud O settings

Engiish {en}

h - Austral Al X

38) kA

Rer € *

Spanish (es) Allisan Smith £

SENA 3

French (fr) June Wallack £

Hebrew (ha) _*.

Jealtan (it} Carlo Flora X
Showing 1 W 1000 17 rews . 10 | reCoqds perpage -

This screen displays a list of languages. (Note the list may be several pages long). Here

is what the columns mean:
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a. Module: core-sounds or extra-sounds

b. Language: The name of the language and its language code (i.e. "en" for English)
c. Format: The codec (i.e. alaw, g722, g729, or ulaw)

d. Available: The latest available verison

e. Installed:The version installed on your system, if any

f. Actions: A button to install or remove the language
i. = = Download

ii. @ = Remove

(Gt Pashhasrd % Ackimin D Applications IS Conmectivity W Reports 15 settings

Language Author Actions
Creth{es) Wiestany Ltd -, 2 @
English {en} adlison Smith @ e
English - Australia [En_AU) CAMSTWN 3
English = Unlted Kingdam {en_GB| Jay Benham *
English - New Zealand (en NI} Rover Volce Sendces &
Spanish (e5) Allisan Smith =
Persian {fa) SENA 4
French (£) Junie Wallack 3
Hirhrews (he) Wiestany Ltd .!‘.
Falian (it} Carlo Flora =

Shawing 1 ta 10 617 rm'fn récords per page

1. To Install: Click the download button: ™=

2. To Remove: Click the remove button: @

3. When finished, click the Apply Config button to apply your changes.

How to Define a Custom Language

You can add a new language code to your system in preparation for installing your own

custom language sound files. This will create a directory in /var/lib/asterisk/sounds with
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the name of the language code you enter here. It will also make the custom language

available for selection in other modules.

After you have defined a custom language, you can upload your own custom language
recordings.

1. From the options at the right, click the Custom Languages option to navigate to that
section.

custom Languages | LA . (m = |

Language Author Actlons
Crech {esh Wiestany Ltd &
English {en) Allison Smith @
English - Australia [en_AU) CAMSTWN 3
English - United Kingdam {en G| Jay Benham !
English - New Zealand (en N2} Rower Voloe Senaces .'.’.
Spanish [es) Allison Smith =
Pérsian jfa) SENA =
French {f) June Wallack &
Hihrew [he) Westany Ltd .!-.
ttalian {it} Carlo Flora =

Shawing 1 ta 10 617 rmrn récords per page

2. Click the +Add New Custom Language button.

& Dashbogrd (D Acimin B applications T Comnectivity [P Reports [P settings Apply Config

el + Add New Custom Language I g Oetets Custom sge | Loading, pleass wait. Seareh

1D Language Description Action

N matching recongs found

3. This is what the Add Custom Language section looks like.
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e . 2
M 2 Dashboard 5 Adimin [ AppHcations [ Connectivity [ Settings

Add Custom Language

Language Code ©

Description ©

upload Recording @ m files to upload: 0

Drop Multiple Files or Archives Here

Enter the Language Code (for example we're calling this "Hi" for hirate) and a
brief Description to help you identify this custom language. This name will appear in

other modules where you can select a language.

Here you can upload your custom language recordings. Either Browse your computer
or Drag and Drop Multiple Files or Archives. Supported upload formats are: WAV,
aiff, alaw, flac, g722, gsm, mp3, oga, ogg, sin, sin12, sin16, sin192, sin24, sin32,
sin44, sin48, sin96, ulaw, wav, wav16, tgz, gz, tar, zip. This includes archives (that

include multiple files, such as tar,gz,zip) and multiple files.

Once your file(s) is uploaded, the blue progress bar will be full and File to Upload will

populate with the corresponding number of files.
Lastly check all file formats you would like this system recording to be encoded into.

Click the Submit button and a progress bar will let you know when you're finished.

Your new custom language will show up in a list. You can click the pencil button (£

W

to edit or the trash button to delete.
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2.10. System Recordings

System Recordings

The System Recordings module is used to record or upload messages that can then be
played back to callers in other modules. It can also be used to make pre-installed

Asterisk recordings available for use in other modules.

For example, you might create a recording called "Main Menu" and then play that
message in an IVR before a caller is asked to make a selection. Or, you might record a
recording called "Holiday Message" and then use that message in an Announcement.
You would then route incoming calls to the Announcement or IVR using the Inbound

Routes Module.

The System Recordings module allows you to create and name recordings that can be
selected in any module that supports the playing of recordings. Among others, the IVR
module, Announcements module, Follow Me module, Queues module, and Ring

Groups module contain options to select a recording.

Go to Admin -> System Recordings

2 Dashboard (5 Adrmin (5t Applications {9 Connecthvity 51 Repairts [ Sutings Apply Config
Administrators
System Overview Blackist IPPBX Statistics 5
8 Users Orin (D Users OMin. @ Trunks leg I Taunis OF i Active Ca
Welcome to IPPBX ., . [ it L S i s

IFPEXT
hantee b

(Yeu can change this m

&  Custom Destinatiens

P Custom Bensions

MysaL o Ciit Feature Codes

sound Languages

Uptime User Management

System Last Rebooted

Load Averages

On click System Recordings following screen will appear.
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& Dashbogrd (D Acimin B applications T Comnectivity [P Reports [P settings Apply Config

Display Name Description Supported Languages Actions
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MOHangt This ks a testing purpose. English rai
subhot sulrhot English F i
wilcome weltome adore Infotech English |

Shawing 110 4 of 4 rows

The System Recordings module allows for the management of built-in recordings and
provides an easy-to-use interface for adding new recordings for IVRs, Announcements,
Queues and so on.

There are three ways to add System Recordings: uploading a file, recording within the
browser, and recording over an extension.

Adding a System Recording

Click the Add Recording button.

(& Dashboard (D Acimin B applications D Cannectivity [P Reports [P settings Apply Config
Display Name Description Supported Languages Actions
adore ivr adore lvr for testing English &F ﬂ
MOHangt This ks a testing purpose. English rai
subhot sulrhot English F i
wilcome weltome adore Infotech English |

Shawing 110 4 of 4 rows

On click + Add Recording following screen will appear.
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5} Connectivity

Add New System Recording

s = ™
Name () |

Deseription (&) |

Deseribe this recording
File List for English (2 Enalish ” |
Upload Recording (2 m 1

Drop Multiple Files or Archives Here

Record Over Extension (& — m .
Enter Extensior

Add system Recording © Setact s sysiei ecciting

Link to Feature Code (2 fes Mo Notsupported on compounded or Non-Existent recordings

Feature Code Password ()

omartTy ‘.I...= m

Name

The name of the system recording on the file system. If it conflicts with another file, then

this will overwrite it.

Description

A description of this recording to help you identify it.

File List for (Language)

A sortable File List / play order. Here, you can string multiple files together into one

recording. The playback will be done starting from the top to the bottom.

File List for English @ English

> custom/my-recording-1

00

P> custom/another-reco rding

o Click the play icon >to preview a file.

o Click the X icon 0 to remove a file.
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« Click on a file name and drag it up or down to a new position to change the playback

order.

« Note: if a file is red, it is missing for the selected language.

File List for Spanish & Spanish s
custom/my-recording-1 (%]
You have a missing file for this language. Click any red recording above to replace it with a

recording/upload below. It will then turn green. Once you have finished
uploading/recording the recording will turn grey

Replacing a File (Re-Recording)

Files can be replaced by clicking them once, which will turn them green and place them
into replace mode. (A dialog box will appear asking you to confirm that this is what you
want to do.) The next recording you record or upload will then replace this green file

upon save.

File List for English & English

’ custom/my-recording-1

00 .

’ custom/another-recording

Upload Recording

Allows upload of files from your local system. Supported upload formats are: WAV, aiff, alaw, flac, g719,
g722, gsm, mp3, oga, 0gg, sin, sin12, sin16, sin192, sIn24, sIn32, sIn44, sIn48, sIn96, ulaw, wav, wav49.
This includes multiple files, and archives that contain multiple files.

Click the Browse button to select a file from your computer. Or, drag and drop files from your desktop

onto the Drop Multiple Files or Archives Here box.

Record in Browser

This will initiate a WebRTC request so that you will be able to record from you computer

in your browser.
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Click the red record button . to begin recording. Your browser may alert you that the
PBX is requesting access to your microphone. This is normal; click "Allow" or a similar
option to permit access.

The record button will flash when recording is in progress.
Begin speaking, then press the stop button when finished. .

Click the play button > to review your recording.
Click the Save Recording to save the recording, or the Delete Recording button to

delete it.

Record In Browser ’ .
(7]

0:00 -00:09 4

Save Recording Delete Recording

Record Over Extension

The system will call the extension you specify. Upon hangup, you will be able to name
the file and it will be placed in the list.

Enter the extension number the system should call.

Click the Call! button. The system will call the extension.

Answer the call and begin speaking after the beep. The GUI will display a message

stating that recording is in progress. Hang up when finished.

Record Over Extension @
Recording, Hangup when finished...

At this point, you can save the recording or delete it. To delete it, click
the Cancel button. To save it, enter a name in the Name this file field and then click

the Save button.

Record Over Extension @ Name this file Cancel Save
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Add System Recording

This option allows you to add any previously created system recording to the list of files
above. To use this option, select a recording from the dropdown menu. It will be added
to the file list.

Link to Feature Code

Yes/No: (Options not available on non-existent or compound recordings.) Whether to
allow users to re-record the recording by dialing a feature code. Select Yes to create a
feature code that will allow this recording to be changed directly by a user. This allows

users to make their own changes without needing to contact an administrator.

Feature Code Password

(Optional) If the Link to Feature Code option is set to Yes, this password can prevent
unauthorized users from accessing the feature code for the recording. Users will need
to enter this password before they can re-record the recording via the feature code.
Enter digits only. If the Link to Feature Code option is set to No, this field will be
grayed-out.

Convert To

The file formats you would like this system recording to be encoded into. Options
include alaw, g719, g722, gsm, sIn, ulaw, wav, and wav49. Select one or more file

formats.

Save

When finished, click the Submit button and then click the Apply Config button.
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2.11. User Management

User Management

The User Management (userman) module controls and manages users and

administrators for your PBX. Including UCP, Zulu, Admin, iSymphony and more.

In the User Management module, you can create users who have access to extensions

and the settings associated with those devices.

For example, a user could be allowed to log into the User Control Panel and access the

voicemail of three other accounts besides their own primary extensions.

Go to Admin -> User Management

& Dashiboand D Admin 9 Appl = 5t Connectivity 5 Regorts

Administrators

3 Tl -~
System Overview Eacklist IPPBX Statistics b

@ Users Ot O Users Ofin @ Trunas Reg 1 Trumis 0% @ Agwe oty
Welcome to IPPBX Contact Manager e

0.192.19 '1PPBX"
frou ca i name in Advance,  Custormn Destinations s
Summa Sysinfoupt £ 18
e SyEinta upt  pystam Extensions
terisk o
=t . a4
MySOL v il Feature Codes
Meb S
intaniines - Sound Langusges
L]
Syst
Uptim

System Last Rebooted

PP age

Load Averages

L) 0.0 3]
T Mt £ Adiute 15 Afinures

On click User management following screen will appear. The Users tab should be

active, and a list of all current users should be displayed.
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User Manager

O What is User Manager

USERS GROUPS SETTINGS
all Directories * a8 E
Display Name First Name Last Name Linked Extension Description Action

@ 100 Atlore Testing 100 Autogenerated user on new device creation e,

o om 1001 100 Autogenerated user on new device creation o mw
1008 1008 1008 Autogenerated user an new device creation qu‘ @

o I [ ] Manjeet 102 Autogenerated user on new device creation Fa®
12121 121 1212 autegensrated user on new device creation Fa,mw
123456789 | Testing 123456789 Autogenerated user on new device creation Fam

o asisa e a5a5d Autogenersted wser on new device creation = Q, @

Groups

Upon clicking the 'Groups' tab in the User Management module you will see the listing

of all of your groups on the system.

Apply Conlig

User Manager

@ What is User Manager

USERS GROUPS SETTINGS
Group Priorities can be changed ty dicking and dragging groups around in ede d hal numeser for prieris rity (EG 0 is higher than 1
AR Directadiog
Group Name  Description Priority  Action
All Users This group was created an install and s automatically assigned to new users. This can bedisabled in User Manager Setings 5 E‘ @

Settings

The settings tab lets you define global User Manager settings.
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£ Dashboard D Admin ) Applications % Connectivity 5 Reparts D Sottings

User Manager

@ What iz User Manager

USERS GROURS SETTINGS

EMAIL SETTINGS

Email Settings

Send Emall on External New User

Yes Na
Creation
AR O
Host Name (&)

Email Subject 2
SERL Your s:hrand Account

Emall Sody © Hi $ifnadme),

Caongratulations! Your ${brand} account has been created! You can mow use the credentials below

Username: ${username}
Password: ${password]

Ta login to the Tollowing services:
Sisenvicest

Thanks,
Thee ${brand} Team

« Send Email on External New User Creation: Whether to send an email (using the
'‘Email Subject' and 'Email Body') to new users when they are created externally (not
directly through User Manager)

o Send Email as HTML: Whether Email Body will send as HTML or plain text to the user

« Host Name: The hostname used for email. If left blank the default value of the address
in your browser will be used
« Email Subject: Text to be used for the subject of the welcome email.
o Useable variables are:
= fname: First name
= |name: Last name
= brand: Your Company Name
= title: title
= username: Username
= password: Password
« Email Body: Text to be used for the body of the welcome email

o Useable variables are:
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fname: First name

Iname: Last name

brand: Your Company Name
title: title

username: Username

password: Password



3. Applications

Applications Module

Under Applications module you can handle all the features.

Announcements

e Call Flow Control

e Call Recording

e Conferences

e Directory

e Extensions

e Follow Me

e |VR

e Paging and Intercom

e Parking
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3.1. Announcements

Announcements

The Announcements Module is used to create a destination that will play an
informational message to a caller. After the message is played, the call will proceed to

another destination.

For example, you might create an Announcement that plays the address, fax number,
and the web-site of your business. A caller could reach that message by pressing the
number 2 from the company's main menu. After hearing the message, the call might be

routed back to the company's main menu and allowed to make another selection.

The Announcements Module is related to any Module that has a field to set a
destination for a call to be routed. There are a number of PBX Modules that are used to
route calls to a destination. For example, the IVR Module Module permits you to set up
a menu system where a caller can use his touchtone telephone to select from various
options. If you configure an Announcement on the Announcements Module, that
Announcement will appear as one of the possible destinations in the IVR Module. The
Announcement will also appear as a potential destination in any Module that supports
destinations, including the Inbound Routes Module Module, the Ring Groups

Module Module, the Queues Module Module, the Call Flow Control Module Module,

the Time Conditions Module Module, and the Misc Applications Module Module.

The Announcements Module is also related to the System Recordings

Module Module. The System Recordings Module allows you to use your phones to
make audio recordings that can be selected for playback in the Announcements
Module.

Go to Applications -> Announcements
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B Admin 51 Applications (9 Cannecthvity % Reports

4

System Overview

Call Flow Control

Welcome to IPPBX Call Recording

IFPEX 13.0.192.19 "IPPBX

{rou can change this name in Advanced Settings) Conferences. v
Sumimary Systnfo updated IPPBX S6€. ey tory 1
Asterisk - 24
Nosai - ltical Errorsfoun  Extensions
iy ] o I
Web Server « Follow ke
o
VR
Uptime Paging and Intercom
System Last Rebooted Paiking
IFFEN s
Lead Averages
P ot o0
it & Bdincies 15 ihioutes

On click Announcements following screen will appear. The Announcements module is
used to play a recording to callers and then send them to a different destination once
the announcement has been played. Do not confuse Announcements with the System
Recordings module. The System Recording module is where you create the actual
system recordings. The Announcement module just lets you play one of those

recordings and continue on with the call flow.

Click on + Add button to Add Announcements in your PBX System

Announcement
Description Destinatian Actions

Mo matching records found

You will be taken to a new windows where you can set various options for the new

announcement.
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Announcement: Edit

Description () Al I
Welcome

Reconding
i welcome ¥ |
Repeat (3 > |
Allow skip &

Return to IVR 12

< -
z
]

Don't Answer Channel (5

i &
Destination after Playback © Play Recording = |

adgre e ¥ |

Where to send the caller after the announcement is played.

Description

Give the announcement a descriptive name.

Recording

Select the recording to be played. This is the recording that you have created using

the System Recording module.

Repeat

You may optionally pick a keypress value from 0-9 or * and # that a caller can press to
repeat the announcement. If you use this setting, don't forget to include instructions for

the caller in your recording. For example, "To hear our hours again, press pound."”

Allow Skip

Yes/No - You can optionally enable the Allow Skip option, which will let the caller press
any key on their phone to skip to the end of the recording. They will then go to the
destination that is set in this announcement without having to listen to the entire

recording.

Return to IVR
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Yes/No - If set to Yes, a caller who came from an IVR will be sent back to the IVR after
the announcement, instead of being sent to the destination set below. This is handy if
you have more than one IVR pointing to this announcement, because otherwise you
would need to create a separate announcement for each IVR. (A single

announcement can only route the caller to one defined destination.) If set to No, the
caller will only be routed to the destination set below, and will not be sent back to the
IVR they came from.

Don't Answer Channel

Yes/No - The normal and recommend setting is No, which means the behavior is to
answer the call and play this message. If you would rather play this message as early
media to the caller, you can set this to Yes. We do not recommend setting this option,

as many phone carriers do not support early media for sending audio messages.

Destination after Playback

Here you define where to route the caller after they have listened to the message.
Remember, this option is ignored if you have set Return to IVR to Yes and the caller

came from an IVR.

Saving the Announcement
Click the Submit button.
Click the Apply Config button.

Editing an Announcement

In the announcement list, click the edit button E/’ for the announcement. This will bring up the same
form as when creating the announcement.

Make your changes, then click the Submit button followed by the Apply Config button.

Deleting an Announcement
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In the announcement list, click the trash can icon , then click OK to confirm the deletion, and click
the Apply Config button.
Alternatively, when viewing an announcement, click the Delete button, click OK to confirm the deletion,

and click the Apply Config button.
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3.2. Call Flow Control

Call Flow Control

The Call Flow Control module is used to create a single destination that can act as a
switch that can be toggled by anyone who has access to a local phone. It is commonly
used to allow phone system users to manually switch between "Daytime Mode" and
"Nighttime Mode."

Call Flow Control should not be confused with Time Conditions. While both of these
modules relate to call flow, Call Flow Control is designed to be a manual switch, while a

Time Condition is designed to be a scheduled, automatic switch.

As a common usage example, you might create a Call Flow Control that is activated by
dialing *280. When a system phone dials *280, the switch will toggle

between green/off mode and red/on mode. In green/off mode, calls might route to all
phones in the office for 30 seconds before going to voicemail. In red/on mode, the calls

might ring to only the front desk, and only for ten seconds, before going to Voicemail.

The code that is used to configure the Call Flow Control (usually *280 through *289) can
also be programmed to act as a Busy Lamp Field on your system phones. When

configured this way, your phones will show your users whether the switch is On or Off.

Go to Application-> Call Flow Control

@ Dashbasd [ Admin Applications 5 Cannectivity MReports [Psetiings Apply Config [ Bl &l

System Overview TV IPPBX Statistics 4]

Users Onbn Q) Users OMin @ Trurds Reg @ Trunks Om @ Active Caks.
Welcome to IPPBX ~

IPPEX 13.0.192.19 "IPPEX
hartage this sarmg i A

tySgL o Critical Errars four Extensions

Web Server o4 iy Follow Me

Uptlme Paging and Intercom

System Last Rebooted Parking

Load Averages

# Minuse
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On click Call Flow Control following screen will appear.

Call Flow Toggle Control

.Uading, please wait... Ty m

Feature Code Description State Actions

Mo marching recerds found

Fill in the information as described below.

Call Flow Toggle Control: Add

'.cali Flew Teggle Feature Code Index {5 o

Description (&)

Current Mode ) Normal (Green [BLF off) Override [Red/BLF on)

ording for Normal Mode (2
Reconing. 4 e Default

Recording for Override Mode ) Default

Optional Password & =

Normal Flow (Green[BLF off) (2 o
- e ==

Override Flow [Red/BLF on) 2

== thoose one ==

Call Flow Toggle Feature Code Index

Each Call Flow control toggle feature code starts with *28. The index is the last part
of the feature code, which can be 0 through 99. For example, if you choose "0"
here, you would dial *280 to toggle the feature code. If you choose "99," you would
dial *2899.

Description

Define a name for this toggle so you can easily identify it in the list.

Current Mode
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Select the Normal (Green/BLF off) or Override (Red/BLF on) button to set the
initial state for your new Call Flow Control. Later, these buttons can be used (in

addition to the feature code) to change the mode.

o Normal (Green/BLF off) - This is the normal destination that calls go to. If you
have a BLF button on your phone programmed to this feature code, the light on
the phone will either be off or green.

o Override (Red/BLF on) - Override mode means you are not going to the normal
destination. If you have a BLF button on your phone programmed to this feature

code, the light on the phone will be it (red).

Recording for Normal Mode

The default recording played when toggling into normal mode is to beep and say
"feature code deactivated." You can record your own announcement in the System
Recordings module and pick that recording within the Call Flow Control module to

override the default recording.

Recording for Override Mode

The default recording played when toggling into override mode is to beep and say
"feature code activated." You can record your own announcement in the System
Recordings module and pick that recording within the Call Flow Control module to

override the default recording.

Optional Password

You can optionally set a password that the user who is toggling the call flow will

have to enter on their phone before they can toggle this call flow.

Normal Flow Destination

This is the destination to route the call to when in Normal (Green/BLF off) mode of
the toggle. This destination can be any other module on your PBX such as an

extension, announcement, or queue.

Override Flow



This is the destination to route the call to when in Override (Red/BLF on) mode of
the toggle. This destination can be any other module on your PBX such as an

extension, announcement, or queue.
Save

e Click the Submit button
o Click the Apply Config button
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3.3. Call Recording
Call Recording

The Call Recording module provides the ability to force a call to be recorded or not
recorded based on a call flow and override all other recording settings. If a call is to be
recorded, it can start immediately. This will incorporate any announcements, hold
music, etc. prior to being answered. It can also have the recording start at the time that
call is answered. Several modules inside your PBX admin allow you to control call
recordings directly, such as the Queues, Inbound Routes, Ring Groups and Extensions
modules. The Call Recording module is designed to allow you to force a call to start
recording prior to going to a specific destination that does not allow call recordings to be
set, such as a page group or a specific IVR. Through various configuration levels, the
Call Recording module controls permissions related to audio recording of various

activities.

Go to Applications -> Call Recording

& Dashiboesrd [ Addrnin Applications ¥ Cannecthvity [P Reports [P settings Apply Config | L] ] |

Announoements

- 270 jes,
System Overview 3l Flow Control IPPBX Statistics ]

Welcome to IPPBX
IPPEX 13.0.192.19"IPPBX"

(Yo can change this namg i ced

@ Usiess Onln (D Users O @ Truris Rag @ Trunks OM @ Actve Cais
L]

% 48
Canferences

dited IPPEL te 13
pdated IPPERSEC  piringpy

Asterick -

MysgL o

- . 24
Extensions:

Follow Me

VR

Uptime Paging and Infercom

System Last Rebooted Parking

Load Averages

& Binure

On Click Call Recording following screen will appear. Click the Add Call

Recording button.
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Apply Config

Call Recording

Calt Recordings provide the ability to force a call to be recorded or not recorded based ana call flow and everride all other recording settings. If a call is to be recorded, it can
stam immediately which will incosporate any announdements, hald rmusic, etc, prior ta being answered, or it ¢an have recording start a1 the time that ¢all is answered

oading, please walt . Sanich
Description Actions
Recording Testing r W
sandesp Zag
Testing Team Test Zo
This & testing of Recarding Fa

‘Showlng 1104 of 4rows )

Enter information into the form as described below.

M Admin Applications  Connectivity  Dashboard  Reports | Settings £

Call Recording: Add

| =

Call Recordings provide the ability to force a.call to be recorded or not recorded based on'a calf flow and averride all otheér recording settings. If & calf is 00 B reconded. It ¢an start

immedistely which will iIncorporate any anfouncemants, hold music. tc. prior to being answered. or it can have recording start at the time that call Is answened.
Description ©

Mote that the meaning of these options has <hanged.
Call Recording Mode @ Force ] X m e Il Haas
Destination & e ehioth Sk e &

»  Submit Reset
Description

The descriptive name of this call recording instance. For example "Support IVR

Recording.”

Call Recording Mode

Force Yes No Never
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Controls or overrides the call recording behavior for calls continuing through this call

flow.

Force

An override with a higher priority than "Yes." Changes what was already set. User
cannot stop the recording unless they have an override permission. A later setting

of "Never" would override a "Force."

Yes

Equal priority with "No"; does not change a "No" that was previously set. Can be

overridden with Force or Never; cannot be overridden by "No."

Don't Care

Honors whatever was set earlier in the call flow, and does not affect downstream
settings.

No

Equal priority with "Yes"; does not change a "Yes" that was previously set. Can be
overridden with Force or Never; cannot be overridden by "Yes."

Never

An override with a higher priority than "No." Changes what was already set. User
cannot start the recording unless they have an override permission. A later setting

of "Force" would override a "Never."

Destination

Select the destination to send the call to after it passes through this Call Recording

instance.
Save

Click the Submit button
Click the Apply Config button
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3.4. Conferences

Conferences

The Conferences Module is used to create a single extension number that your users
can dial so that they can talk to each other in a conference call. It also creates a
destination to which you can send calls so that they can participate in the conference

call.

For example, you could create a Conference that will allow your local phones to dial

800, and then enter into a conference call.

Conferences Module creates a destination to which you can route calls, the
Conferences Module is related to the any module that can route calls to a destination,
including the Inbound Routes Module, the IVR Module, the Time Conditions Module,

etc. The conference module can be enhanced through other modules such as VQ Plus.

Go to Applications -> Conferences

& Dashboard [5 Adlenin (P Applications- [ Conneativity [ Reponts 5 settings

ARRUNCE n
System Overview R IPPBEX Statistics =
Calt Flow Control
@ Users Onin O Users GMin @ Trunis Rep @ Trunis O o Acte Caly
Welcome to IPPBX - N [
Calk Recording
P 12.0.052.10 IPPBX"
{¥ou canchange this mam ﬂ I »
Summary e S — e
Asterisk o
. . a4
St 2 ntci Erorsfoun.  Extenslons h
s ¥ R A SR ) I
Fallow Me m n 'f 1‘l n J '.'”
L}
R
Uptime Paging 2nd Intercom
System Last Robooted Parking

LR #go

Load Averages

000 om o7

On click Conferences following screen will appear. Click the Add button.

64



Apply Config

Conferences
m oading, please wait... $e
Conference Description Actlons
1000 Conference [E’ m
102 Rail Ea
105 Adore SUppont @a
200 adore & '

Showing 1 to 4 of 4 rows

Fill in the information on the form, as described below.

Apply Config

Conferences: Add

Conference Number &

Conference Name ) 0f50

User PIN (3

Admin PIN ()

Language &) Inei M
Join Message G Kot ¥
Leader Wait G} Yes No

Leader Leave ()

Talker Optimization Yoz No

Turnd on Lker optimization, With talker optimization, Asterlsk treats talkers who are pot speaking a5 being muted. meaning that no encoding is done on transmission and
that received awdio that s not registered as talking is omitted, causing no bulldup In background nolse.

Talker Detection (2

Quiet Mode &)

.
&
-
s

User Count (22

=<
=
-]

user joinfleave

Musicon Hald (5

-
=
]

Music on Hold Class () N
infyerit b

Allow Menu ()

Aecord Conference &

Yis M
Maximum Participants ) o
Mute on Join (& Yes No
Member Ti t &
ember Timeoul —

Conference Number

Use this number to dial into the conference.
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Conference Name

Give this conference a brief name to help you identify it.

User PIN

Optional - You can require callers to enter a password before they can enter this
conference. If either PIN is entered, the user will be prompted to enter a PIN. The user
PIN should be different from the admin PIN.

Admin PIN

Optional unless the "leader wait" option is in use - Enter a PIN number for the admin

user. When a user enters this PIN, he/she will be identified as the conference leader.

Join Message

Message to be played to the caller before joining the conference. Default = none. The
drop-down menu allows you to select a recording that has been created in the System

Recordings module.

Leader Wait

Yes/No - Whether to wait until the conference leader (admin user) arrives before

starting the conference.

Talker Optimization

Yes/No - Whether to use talker optimization. With talker optimization, Asterisk treats
talkers who are not speaking as being muted. This means that no encoding is done on
transmission, and that received audio that is not registered as talking is omitted,

preventing buildup in background noise.

Talker Detection

Yes/No - Whether to use talker detection. With talker detection, Asterisk will send
events on the Manager Interface identifying the channel that is talking. The talker will

also be identified on the output of the meetme list CLI command.
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Quiet Mode

Yes/No - Whether to use quiet mode. If quiet mode is enabled, enter/leave sounds will

not be played.

User Count

Yes/No - Whether to announce the user count to a user who joins the conference.

User Join/Leave

Yes/No - Whether to announce user join/leave. If this option is enabled, all users will be
asked to say their name before they join the conference, and their name will be then

announced when they join the conference.

Music on Hold

Yes/No - Whether to enable Music On Hold when the conference has a single caller.

Music on Hold Class

Select the music (or Commercial) played to the caller while they wait for the conference
to start. Choose "inherit" if you want the MoH class to be what is currently selected,

such as by the inbound route. This music is defined in the Music on Hold module.

Allow Menu

Yes/No - Whether to present a menu (user or admin) when "*' is received (‘send' to

menu)

Record Conference

Yes/No - Whether to record the conference call.

Maximum Participants

Enter the maximum number of users allowed to join this conference. Enter "0" for

unlimited.
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Mute on Join

Yes/No - Whether to mute everyone when they initially join the conference. Please note
that if you do not have "Leader Wait" set to "Yes," you will need to have "Allow Menu"

set to "Yes" to be able to un-mute yourself.
Save

e Click the Submit button.
o Click the Apply Config button.
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3.5. Directory
Directory

The directory module allows you to create directories of users that can be accessed by

callers through modules like the IVR. You can create a company wide directory or

create a directory for an individual department. You may also specify where the user

goes when they choose a directory member. For example callers may look up the CEO

but it dials the CEQ's assistant.

Go to Applications -> Directory

rard 51 Admin

[ Appiications

System Overview

Welcome to IPPBX
IFPEX 13019215 (IPPEX’

(¥ou can change this name in Adhanced Satings)
Summary Sysinfo update:
Asterick il
MySabL o
Wirh Served v

Uptime

System Last kebooted

1PPEX age

Lead Averages

o)
1 Atimure SANeutes

(1 ooz
T Moy

ANnOunCements
IPPEX Statistics =
B Users vl O Usies Offin @ Tronks Reg @0 Trniks 08 @ Active Cats
L]

Call Flonw Control

Cail Recording

Conferences "

1]

24

. | .
Foliow Me ]" lﬂl n P( Pl

IVR

Extensions

@

Paging and Intercom

Parking

s

On click Directory following screen will appear. Click on "Add Directory" button.

fat Dashboard 15 Ackmin

O il st
5 Applications

Directory

Add Directory

Directary

Directary Testing

Testing

Showing 1o 2of 2 rows

Default Directory Actions
=3 se
=3 se

Fill in the form as described below.
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2 Dashbanrd 50 Admin % Applications 51 Connectivity 5 Repaits ¥ Settings Apply Config

Directory

Adlerectory
Directory Name 02

Directory Description (2

Callerll Name Prefix ()

Profid to bé agpended 10 currént CallerlD Name,

alert Info (2 Nooe
Ringer Volume Override 2 e
an @
[PUBCRIRENG. Default
Tnvalid Retries &) 3
Avall i @
Invalid Retry Recording Dafaitt
Invalid Recording 2
- Defaul
Invalid Destination ()
== choase ok «=
Announce Extensien = Yes Mo
Name @ Name Announcement

+0

Directory Name

Dial Actions

A friendly name for the directory, such as "Sales" or "Support" for example.

Directory Description

Optional - A description of the directory.

CallerID Name Prefix

Optional - A prefix added to the Caller ID name of the caller when they call through the

directory. For example, you could enter "DIR-" to help users identify callers who have

come from the directory.

Alert Info

Optional - ALERT_INFO to be sent to SIP devices called from this directory. Can be

used for distinctive ring for SIP devices when supported.
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Announcement

The greeting played to callers when they enter the directory. The default built-in
announcement is "Welcome to the directory. Please enter the first three or more letters
of the party's first or last name, using your touch tone keypad. Use the 1 key for
punctuation. Press 0 to exit the directory and obtain further assistance." If desired, you

can select a different announcement from your list of available System Recordings.

Invalid Retries

Number of times to retry when receiving an invalid/unmatched input from the caller.

Invalid Retry Recording

Prompt to be played when an invalid/unmatched response is received. The default
message is "I'm sorry, there's no entry matching the keys you have entered." If desired,

you can select a different announcement from your list of available System Recordings.

Invalid Recording

Message played to caller when they press 0 or when they have run out of retries, prior
to sending them to the invalid destination. The default message is "We are now
transferring you out of the directory. Please hold on for further assistance." If desired,

you can select a different announcement from your list of available System Recordings.

Invalid Destination

Where to send callers when they run out of retries or press 0. May be overridden by the
"Return to IVR" option below.

Return to IVR

Yes/No - Whether to send the caller back to the originating IVR (if the caller came from
an IVR), upon reaching the invalid retry limit or pressing 0. If the caller came from an

IVR, a "Yes" setting here overrides the "Invalid Destination" set above.

Announce Extension
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Yes/No - Whether to announce the destination's extension number to the caller prior to
the transfer. This can be useful if you want to let callers know how to direct-dial an

extension in the future.

Adding Directory Entries

Choose the type of entry from the drop-down menu. (All Users, Custom Entry, or

an Extension as described below.) To add additional entries, click the plus sign+

name @ Name Anncuncemeant Dial Actions

+0

On click Plus Sign following selection option will appear

Name @ Name Announcement Dial Actions

== {NOoSe Ong ==

All Users

This will add an entry for every extension.

Custom Entry

This will allow you to specify a full dial string. This is useful if you wanted to add a
cell phone or external resource.

Extension

Select an individual extension to add to the list.

Save
Click the Submit button
Click the Apply Config button
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3.6. Extensions

Extensions

The Extensions Module is used to set up each extension on your system. In the
Extensions module, you will set up the extension number, the name of the extension,

the password, voicemail settings for the extension, and other options.

Normally, each physical phone will be assigned to one extension. If you have a phone
that has more than one "line" button, you would normally make each line button register
to the same extension number, and then use the line buttons to manage multiple calls to
and from the same line. However, you could also create two or more extensions and

assign each extension to a different line button.

The Extensions Module works together with any module that can route a phone call,
including the Inbound Routes Module, the Ring Groups Module, the Queues Module,
and the Paging Module. The Extensions Module also works together with the Follow Me

Module, because each extension can have its own Follow Me options.

The Extensions Module is also related to the Advanced Settings Module. In the Device
Settings section of the Advanced Settings Module, you can change a number of the
default settings that will apply when you create a new extension. In addition, the
Advanced Settings Module can be used to enable Device and User Mode. When Device
and User Mode is enabled, the Extensions Module will disappear and be replaced with

two separate modules called "Devices" and "Users."

The Extensions Module is related to the User Management Module. In the User

Management Module, a user may have a "primary linked extension."

Go to Applications -> Extensions
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% Applications

ANNOUNCBITENTS
System Overview IPPBEX Statistics 0
ys Call Flow Control ~
@ Uiers Ordn @ Usirs O @ Tronis eg @ Trumics O @ Active Cals
Welcome to IPPBX Call Recording []
IPPEX 13.0.192.15 "IPPEX’ "
(¥ieu can change this name in Advanoed Sattings! Conferences
Summary Sysinfo vpdated IPPEN sec Directary 2]
Asterick v s
: 24
MysaL + Error i—} ans
Web Server g W W U = .'I 12
Foliow ms T 7 o0 T y
R AR i R AV
VR
Uptime Paging and Intercom
System Last Rebooted Parking
1PPEX ags
Laad Averages
et L ao0
1 Atiaure 5 Abimutes IS Mwsltes

On click Extensions following screen will appear.

ALL EXTENSIONS CUSTOM EXTENSIONS DAHDI EXTENSIONS LAXZ EXTENSIONS FJ5IP EXTENSIONS CHAN SIP EXTENSIONS VIRTL > &

L) Extension Name ow DND FM/FI CF CFB CFU Type Actions
100 Adore Testing ® o o o Custam Fo
1001 1001 4 {u] (m] o o (m custom o
1008 1008 & a] o ] a] o custem =
102 Manjeet ic (o] (| o o () wirtual e
12121 12121 4 u] o o Q o virual [
123456789 123455789 = (] g & B & sip o
45454 #5484 = o o o a o pisip Zf
456985 456985 2 D =] g o o sip Ed
5000 Five thousand 4 O = o O a CUstom r4 ﬂ
5001 Manjeet = [u] (] o 0O o custom o
Showing 1 ta 106f 15 rcwﬂ recands per page
First Previous 2 Bext Last

Viewing/Editing an Extension

Click on the pencil icon (£ for the extension you wish to view.

Make the desired changes. For explanations of each type of extension, please view the
appropriate wiki (Custom, DAHDI, IAX, Chan_SIP, or Virtual).

Click the Submit button.
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e Click the Apply Config button.

Deleting an Extension
From the extensions list:

]

« In the alert window that appears, click the OK button to confirm the deletion.

e Click the trash icon for the extension you wish to delete.

o Click the Apply Config button.

CUSTOM EXTENSIONS

From the Extensions landing page click on the Add New Custom Extension button.

= Dashboard [ Adrmin 9 Applications [P Cannecthdty M Reports 19 Seitings

ALL EXTENSIONS | CUSTOM EXTENSIONS I DAHDI EXTENSIONS LAX2 EXTENSIONS PISIP EXTENSIONS CHAN SIP EXTENSIONS VIRTL > E
L Extension Name ow DND FMFM cF CFB CFU Actions
100 Adare Testing = o o O o a o
1001 1001 = o 0 o 0 (=] Zf
1008 1008 ® o o o =] a o
= 5000 Five thousand = o ] (u] o (=] o
5001 Manjeet 4 o o 0 [=] o [E4 1
5555 Zagem = ] o la] o o @ a
98711 G871 4 O o 0 a] J = a
Showing 119 7 of 7 rows.
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General

D Ackimin A

Add CUSTOM Extension

GEMERAL VOICEMAIL FIND MEFOLLOW ME ADVANCED PIM SETS OTHER

= Add Extension

User Extension (2

Display Name &)

Outbound CID 21

= User Manager Settings

select User Directory: () P Internal Directary I

Link toa Default User () Create New User

Username i _ Use Custom Username
Password For New User (2 6b75ech] ad15fdi3Tec8a61 745073009

Groups (5 Rl Uneen, X

Cme [ vt

Add Extension
User Extension
This will be the extension number associated with this user and cannot be changed
once saved. We recommend using 3- or 4-digit extension numbers.
Display Name
This is the name associated with this extension and can be edited any time. This
will become the Caller ID Name. Only enter the name, NOT the number.
Outbound CID

Overrides the CallerID when dialing out a trunk. Any setting here will override the
common outbound CallerID set in the Trunks module. Format: "caller name"
<HHH#HHHH>

Leave this field blank to disable the outbound CallerID feature for this user. If you

leave it blank, the system will use the route or trunk Caller ID, if set.
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User Manager Settings

77

Link to a Default User

Select a user that this extension should be linked to in the User
Management module. Default = Create New User. An extension may only be linked

to one user, and a user may only be linked to one extension.

o Create New User: Creates a new user in User Manager that will be linked to this

extension.

o None: The extension will not be associated with a user in User Manager

o Existing User: If you have any existing users in User Manager who are not

already linked to an extension, you can select one here in order to link the user to

this extension.

Username

If Create New User is selected above, this will be the new user's login username. If
you leave the Username field is blank (grayed-out), the username will be the same
as the extension number. To customize the username, check the Use Custom

Username box and enter a username.

Password for New User

If Create New User is selected above, this will be the auto-generated user's new

password. A password is automatically generated, but you can edit it here.

Groups

If Create New User is selected above, or if you are linking this extension to an
existing user, you can add the user to one or more groups. Groups are defined in
the User Management module, so if you haven't created any groups, none will show
up here. To add this user to a group, click inside the field, and available groups will
show up in a menu. You can start typing to quickly find a group. Click on a group

name to add it to the field. Repeat the process if you with to enter multiple groups.



VoiceMail

Click on the Voicemail tab.

If you wish to enable voicemail, click the Yes button next to Enabled in order to allow

editing the options below.

Add CUSTOM Extension

GENERAL I VOICEMAIL I FIND ME/FOLLOW ME ADVANCED PIN SETS OTHER

= Voicemail

Enabled Yes No

Valcemall Password () -
Regquire From Same Extension (2 Vies No

Disable (*) in Vaicemail Menu VoS

Email Address (F

Pager Emall Address &

Email Attachment

Play €10 G e e
Play Envelope (2

Delete Volcemail &3 ves

VM Options ()

VM Context & default

=VmX Locater™

Enabled (=

Use When: & Unavallabie

Valcemall Instructions: () Yied

Press 0: (3 # Go To Operator

Press 1 (3

Press 2: (B

Voicemail
Enabled

Yes/No: Whether to enable voicemail for the user.

Voicemail Password
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Enter the password (numbers only) the user will use to access the voicemail
system. If left blank, it will default to the extension number. The user can change

the password after logging into the voicemail system (*98) with a phone.

Require From Same Extension

Yes/No: Whether to require the user to enter their password after they reach the
voicemail system from their own extension, by dialing *97. This option does not
apply to *98 calls, which will always prompt for a password. For security purposes,
a Yes setting is recommended in an environment where other users will have

physical access to this extension.

Disable ( *) in Voicemail Menu

Yes/No: Whether to disable access to the voicemail menu. Default = Yes. If set
to Yes, a user will not be able to access the voicemail menu by pressing "*". If you
have no plans to access your mailbox remotely, set this to Yes. If set to No, the
user can access voicemail remotely by calling into their extension and pressing "*"

to reach the menu.

Email Address

Optional - The e-mail that voicemail notifications will be sent to. Further down the
page, you have the option of whether to attach the actual voicemail message to the

e-mail.

Pager Email Address

Optional - A pager e-mail address or mobile email address that short voicemail
notifications will be sent to.

Email Attachment

Yes/No: Whether to attach the voicemail to the e-mail notification. Requires an
email address to be set above.

Play CID

Yes/No: Whether to read back the caller's telephone number prior to playing the

voicemail, just after announcing the date and time the message was left.



Play Envelope

Yes/No: Whether the system will play the message envelope information
(date/time) before playing the voicemail message. This setting does not affect the

operation of the envelope option in the advanced voicemail menu.

Delete Voicemail

Yes/No: Whether to delete the voicemail message from the mailbox after it is e-
mailed to the user. If set to Yes, this would provide functionality that allows users to

receive their voicemail via e-mail alone, rather than needing to retrieve it from the

web interface or a telephone.

VM Settings

Optional: Advanced settings. Enter voicemail options, separated by the pipe symbol
(). For example, "review=yes | maxmessage=60" May be left blank.

VM Context

This is the Voicemail Context, which is normally set to "default." Do not change

unless you understand the implications.

VMX Locater™

VMX Locater is designed to help a caller reach an operator and/or find you when you
are not at your main phone. If enabled, the user will want to consider recording

voicemail greetings that instruct a caller on which options to press (0, 1, and/or 2).

Whenever you enter information into the 0, 1, and/or 2 options below, you should run a
test to make sure the number is functional, because otherwise the caller might become

stranded or receive messages about a number being invalid.

Enabled
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Yes/No: Whether to enable the VMX Locater feature. Set to Yes if you would like to
enable this feature and edit the options below.

Use When

Select one or more of the buttons to enable VMX Locater for these types of
greetings: Unavailable, Busy, and/or Temporary.

Voicemail Instructions

Yes/No: Whether to play instructions after playing your greeting. If set to No, only a
beep will be played after your personal voicemail greeting.

Press 0

Check the Go to Operator box to send the caller to the operator when they press
0. Uncheck the Go to Operator box and enter an alternative destination if you want
the caller to be sent to a different destination when they press 0. This feature is still

accessible to callers even when VMX Locater is disabled for the user.

Press 1

Optional - Enter a destination to send the caller to when they press 1. This can be
an internal extension, ring group, queue, or external number such as a cell phone

number.

Press 2

Optional - Enter a destination to send the caller to when they press 2. This can be
an internal extension, ring group, queue, or external number such as a cell phone

number.

Find Me / Follow Me

Click on the Find Me / Follow Me tab.
Find Me / Follow Me is enabled by default here so that you may edit the settings. After

entering settings, you can disable it if desired.
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Enabled

Yes/No: Whether to enable Find Me / Follow Me. Must be set to Yes (at least
temporarily) in order to edit other settings on this page. If you leave it set to Yes,
Find Me / Follow Me will be active for this extension when you save the extension
and apply config. You can set to No to disable Find Me / Follow Me for an extension

until the user activates it.

Initial Ring Time
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Use the drop-down menu to select initial ring time, in seconds. This is the number
of seconds to ring the primary extension prior to proceeding to the follow-me list. If
"0," the primary extension will not be rung before proceeding to the follow-me list.

The extension can also be included in the follow-me list.

Ring Strategy

o ringallv2: ring Extension for duration set in Initial Ring Time, and then, while

continuing call to extension, ring Follow-Me List for duration set in Ring Time.

o ringall: ring Extension for duration set in Initial Ring Time, and then terminate

call to Extension and ring Follow-Me List for duration set in Ring Time.

o hunt: take turns ringing each available extension

o memoryhunt: ring first extension in the list, then ring the 1st and 2nd extension,

then ring 1st 2nd and 3rd extension in the list.... etc.

o *-prim: these modes act as described above. However, if the primary extension

(firstin list) is occupied, the other extensions will not be rung. If the primary is do-
not-disturb (DND) mode, it won't be rung. If the primary is is in call forward (CF)

unconditional mode, then all will be rung.

o firstavailable: ring only the first available channel

o firstnotonphone: ring only the first channel which is not off hook - ignore CW

Ring Time

Time in seconds that the phones will ring. For all hunt-style ring strategies, this is

the time for each iteration of phone(s) that are rung.

Follow-Me List

Enter a list of extensions to ring, one per line, or use the Extension Quick Pick
menu below. You can include an extension on a remote system, or an external
number, by suffixing a number with a pound (#). ex: 2448089# would dial 2448089

on the appropriate trunk (see Outbound Routing).

Extension Quick Pick

This drop-down menu gives you the option to select existing extensions to add to

the Follow-Me List above.



Announcement

Select the message to be played to the caller before dialing the find me / follow me
list. Default = none. The drop-down menu shows available system recordings. To

add additional recordings, please use the System Recordings module.

Play Music On Hold

If you select a Music on Hold class to play, instead of the default "Ring," the caller
will hear that MoH instead of ringing while they are waiting for someone to pick up.

CID Name Prefix

Optional - You can optionally prefix the Caller ID name when ringing extensions in
this group. For example, if you prefix with "Sales:", a call from John Doe would

display as "Sales:John Doe" on the find me / follow me list extensions that ring.

Alert Info

Optional - You can optionally include an Alert Info, which can create distinctive rings

on SIP phones.

Call Confirmation Configuration

Confirm Calls

Yes/No: Whether to confirm external calls. Call confirmation requires the remote
party to press 1 to accept the call. This can help prevent an unanswered find me /
follow me call from reaching an external voicemail box. This feature only works with

the ringall or ringall-prim ring strategies.

Remote Announce

Message to be played to the person receiving the call if Confirm Calls = Yes. You

can use the default message or select one of your System Recordings.

Too-Late Announce

Message to be played to the person receiving the call if Confirm Calls = Yes and

the call has already been accepted elsewhere.

Change External CID Configuration
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Mode

o Default: Transmits the caller's CID if allowed by the trunk.

« Fixed CID Value: Always transmit the Fixed CID Value below.

o Outside Calls Fixed CID Value: Transmit the Fixed CID Value below on calls that
come in from outside only. Internal extension-to-extension calls will continue to operate
in default mode.

o Use Dialed Number: Transmit the number that was dialed as the CID for calls coming
from outside. Internal extension-to-extension calls will continue to operate in default
mode. There must be a DID on the inbound route for this. This will be BLOCKED on
trunks that block foreign CallerID.

o Force Dialed Number: Transmit the number that was dialed as the CID for calls
coming from outside. Internal extension-to-extension calls will continue to operate in
default mode. There must be a DID on the inbound route for this. This WILL be

transmitted on trunks that block foreign CallerID.

Fixed CID Value

Fixed value to replace the CID used with some of the modes above. Should be in a

format of digits only with an option of E164 format using a leading "+".

Destinations
No Answer

Optional destination call is routed to when the call is not answered on an otherwise idle
phone. If the phone is in use and the call is simply ignored, then the busy destination

will be used.

*

Advanced

« Click on the Advanced tab.

« There are many settings in this tab. See below for explanations of the options.
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Assigned DID/CID

DID Description

A description for this DID, such as "Fax"

Add Inbound DID

A DID that is directly associated with this extension. The DID should be in the same
format as provided by the provider (e.g. full number, 4 digits for 10x4, etc). Format
should be: XXXXXXXXXX

Add Inbound CID

Add a CID for more specific DID + CID routing. A DID must be specified in the
above Add Inbound DID field. In addition to standard dial sequences, you can also
enter Private, Blocked, Unknown, Restricted, Anonymous, Withheld, and

Unavailable in order to catch these special cases if the Telco transmits them.

Call Camp-On Services
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Caller Policy

Asterisk: cc_agent_policy. Used to enable Camp-On for this user and set the
technology mode that will be used when engaging the feature. In most
cases Generic Device should be chosen unless your phones are designed to work

with channel-specific capabilities.

Callee Policy

Asterisk: cc_monitor_policy. Used to control whether other phones are allowed to
Camp On to this extension. If so, it sets the technology mode used to monitor the
availability of the extension. If no specific technology support is available, then it
should be set to a Generic Device. In this mode, a callback will be initiated to this
extension when it changes from an InUse state to NotInUse. If it was busy when
first attempted, this will be when the current call has ended. If it simply did not
answer, then this will be the next time this phone is used to make or answer a call
and then hangs up. It is possible to set this to take advantage of Native
Technology Support if available and automatically fall back to the Generic
Mode if not.



Add Extension

Dial

How to dial this device. This will be device specific. For example, a custom device
which is really a remote SIP URI might be configured such

as SIP/joe@somedomain.com.

CID Num Alias

The CID Number to use for internal calls, if different from the extension number.
This is used to masquerade as a different user. A common example is a team of
support people who would like their internal CallerID to display the general support

number (a ringgroup or queue). There will be no effect on external calls.

SIP Alias

If you want to support direct sip dialing of users internally or through anonymous sip
calls, you can supply a friendly name that can be used in addition to the users

extension to call them.

Extension Options
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Asterisk Dial Options

Cryptic Asterisk Dial Options. Check the Override box to customize for this
extension,or un-check to use system defaults set in Advanced Options. These will

not apply to trunk options which are configured with the trunk.

Ring Time

Number of seconds to ring prior to going to voicemail. Default will use the value set

in Advanced Settings. If no voicemail is configured, this will be ignored.

Call Forward Ring Time

Number of seconds to ring during a Call Forward, Call Forward Busy or Call
Forward Unavailable call prior to continuing to voicemail or specified destination.
Setting to Always will not return, it will just continue to ring. Default will use the
current Ring Time. If voicemail is disabled and their is not destination specified, it

will be forced into Always mode.
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Outbound Concurrency Limit

Maximum number of outbound simultaneous calls that an extension can make. This
is also very useful as a security protection against a system that has been
compromised. It will limit the number of simultaneous calls that can be made on the

compromised extension.

Call Waiting

Enable/Disable: Set the initial/current Call Waiting state for this user's extension.

Internal Auto Answer

Disable/Intercom: When set to Intercom, calls to this extension/user from other
internal users act as if they were intercom calls, meaning they will be auto-
answered if the endpoint supports this feature and the system is configured to
operate in this mode. All the normal white list and black list settings will be honored
if they are set. External calls will still ring as normal, as will certain other
circumstances such as blind transfers and when a Follow Me is configured and

enabled. If Disabled, the phone rings as a normal phone.

Call Screening

Call Screening requires external callers to say their name, which will be played
back to the user and allow the user to accept or reject the call. Screening with
memory only verifies a caller for their Caller|D once. Screening without memory
always requires a caller to say their name. Either mode will always announce the
caller based on the last introduction saved with that CallerID. If any user on the
system uses the memory option, when that user is called, the caller will be required
to re-introduce themselves and all users on the system will have that new

introduction associated with the caller's CallerID.

Pinless Dialing

Disable/Enable: Enabling Pinless Dialing will allow this extension to bypass any

PIN codes normally required on outbound calls.

Emergency CID



This Caller ID will always be used when dialing out an Outbound Route that is
designated as an "Emergency" route (i.e. when dialing 911). The Emergency CID

overrides all other CallerID settings.
Queue State Detection

If this extension is part of a Queue then the Queue will attempt to use the user's
extension state or device state information when determining if this queue member
should be called. In some uncommon situations such as a Follow-Me with no
physical device, or some virtual extension scenarios, the state information will
indicate that this member is not available when they are. Setting this to 'Ignore
State' will make the Queue ignore all state information thus always trying to contact
this member. Certain side affects can occur when this route is taken due to the
nature of how Queues handle Local channels, such as subsequent transfers will
continue to show the member as busy until the original call is terminated. In most
cases, this SHOULD BE set to 'Use State'.

Recording Options
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Inbound External Calls

Force/Yes/Don't Care/No/Never: Recording of inbound calls from external
sources.

Outbound External Calls

Force/Yes/Don't Care/No/Never: Recording of outbound calls to external sources.

Inbound Internal Calls

Force/Yes/Don't Care/No/Never: Recording of calls received from other

extensions on the system.

Outbound Internal Calls

Recording of calls made to other extensions on the system.

On Demand Recording

Disable/Enable/Override: Enable or disable the ability to do on demand (one-

touch) recording. The overall calling policy rules still apply, and if calls are already



being recorded by "Force" or "Never," the cannot be paused unless "Override" is

selected.

Record Priority Policy

This is the call recording policy priority relative to other extensions when there is a
conflict (i.e. one extension wants to record and the other extension does not). The
higher of the two priorities determines the policy. If the two priorities are equal, the

global policy (caller or callee) determines the policy.

Dictation Services

Dictation Service

Disabled/Enabled: Whether Dictation service is available for this extension.

Dictation Format

Audio format to use for dictation (Ogg Vorbis, GSM, or WAV).

Email Address

The email address that completed dictations are sent to.

From Address

The email address that completed dictations are sent from. Format is "A Persons

Name <email@address.com>", without quotes, or just a plain email address.

DTLS

(Datagram Transport Layer Security)
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Enable DTLS

No/Yes: Enable or disable DTLS-SRTP support.

Use Certificate

The Certificate to use from Certificate Manager

DTLS Verify

Verify that provided peer certificate and fingerprint are valid.



o Yes: Perform both certificate and fingerprint verification
o No: Perform no certificate or fingerprint verification
o Fingerprint: Perform ONLY fingerprint verification

o Certificate: Perform ONLY certificate verification

DTLS Setup

Whether we are willing to accept connections, connect to the other party, or both.
This value will be used in the outgoing SDP when offering and for incoming SDP

offers when the remote party sends actpass

o Active: we want to connect to the other party
o Passive: we want to accept connections only

o Act/Pass: we will do both

DTLS Rekey Interval

Interval at which to renegotiate the TLS session and rekey the SRTP session. If this

is not set or the value provided is 0 rekeying will be disabled.

Optional Destinations
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No Answer

Optional destination call is routed to when the call is not answered on an otherwise
idle phone. If the phone is in use and the call is simply ignored, then the busy

destination will be used instead.

CID Prefix
Optional CID Prefix to add before sending to this no answer destination.

Busy

Optional destination the call is routed to when the phone is busy or the call is
rejected by the user. This destination is also used on an unanswered call if the

phone is in use and the user chooses not to pick up the second call.

CID Prefix



Optional CID Prefix to add before sending to this busy destination.

Not Reachable

Optional destination the call is routed to when the phone is offline, such as a
softphone currently off or a phone unplugged.
CID Prefix

Optional CID Prefix to add before sending to this not reachable destination.

PIN SETS

Enabling Pinless Dialing will allow this extension to bypass any pin codes set under

routes password required on outbound calls. Youneed to just Disable or Enable the

option.

[ Sottings Apply Config

Add CUSTOM Extension
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Apply Config

Add CUSTOM Extension

GENERAL VOICEMAIL FIND ME/FOLLOW ME ADVANCED PIN SETS I OTHER I

= Default Group Inclusion

Default Page Group (2 Exclude u |

= Paging and Intercom

Intercom Override (5 Reject Ring Force l

Saving the Extension

o Click the Submit button
« Click the Apply Config button
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3.7. Follow Me

Follow Me

Follow Me (also known as Find Me / Follow Me or FMFM) allows you to redirect a call
that is placed to one of your extensions to another location. You can program the
system to ring the extension alone for a certain period of time, then ring some other
destination(s), such as a mobile phone or a related extension, and then go to the
original extension's voicemail if the call is not answered. Follow Me can also be used to

divert calls to another extension without ringing the primary extension.

Follow Me can be used in connection with VMX Locater to allow a caller who reaches

voicemail to Press 1 and be diverted to the Follow Me call flow.

Your users can also modify certain Follow Me settings using the User Control Panel
(UCP 12+), and can disable and enable Follow Me using a feature code defined in

the Feature Codes module.

Go to Applications -> Follow Me

& Dashboard 151 Admin 51 Applications [ Connectivity 5 Reports {5 soettings

Announcements
all Flow Control
Call Recording

Conferences

Directory

Extensions

VR
Uptime Paging and Intercom

Systom Last Rebooted Parking

Load Averages

Wte £ Minute 15 afrurey

On click Follow Me following screen will appear.
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Enabling Follow Me

Click the Yes button for the extension.

An alert window will pop up to advise you that follow me has been enabled. Click OK to acknowledge the

alert. Note: there is no submit or apply config button.

Disabling Follow Me

Click the No button for the extension.

An alert window will pop up to advise you that follow me has been disabled. Click OK to acknowledge the

alert. Note: there is no submit or apply config button.

Editing Follow Me Settings for an Extension

Click the extension. This will take you to the Find Me / Follow Me tab of the Extensions module.
Edit settings as desired. These settings are explained in the relevant user guide for the Extensions
module: DAHDI, IAX2, Other (Custom), PJSIP, SIP, and Virtual.

Click the Submit button in the Extensions module.

Click the Apply Config button in the Extensions module.
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3.8.IVR
IVR

An IVR or "Interactive Voice Response" menu allows callers to interact with your

telephone system via their telephone keypads.

The IVR Module is used to set up a menu system that will play an initial recording to
callers, allow them to dial an option or an extension number, and route their call to a

particular location based upon what they dial.

For example, you could configure an inbound route to send an incoming call to an IVR,
so that when people call your number, they would hear a greeting that would thank
them for calling and say, "If you know your party's extension number, you may dial it at
any time. For sales, press 1. For service, press 2. For our address and fax number,

press 3. For our hours of operation, press 4."

The IVR module plays messages that you record or upload in the System Recordings

module.

The IVR Module works together with any module that can route a phone call, including

Inbound Routes, Ring Groups, Queues, and Paging.

The IVR Module also works together with any module that can act as a destination,

because the IVR Module is used to route calls.

The IVR will only show destination options if they have already been
defined in the PBX. More destination options will appear in the IVR as

new destinations are configured in the system. (For example, new
system announcements or conference rooms.)

Go to Applications -> IVR
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On click IVR following screen will appear. To add an IVR, click the Add IVR button

Apply Config

IVR
m cading, please wait... Sedred
IVR Name Actions

fo maiching recards found

Fill out the form as described below.

98



Add IVR

= IVR General Options

IVR Name (5

IVR Description (2

=IVR DTMF Options

Anpouncement

Mone
Enable Direct Dial & Disabled
Timeout (2} 10
Alert Info (2 None
Ringer Velume Override (3 reone
Invalid Retries =) 3
Invalid Retry Recording () Detault
Append Announcement to Invalid & m
Return en Invalid & Yer Mo
Invalid Recording Default
Invalid Destination (2 T —
Timeout Retries 2 3
Timeout Retry Recording &) Delault

Append Announcement on Timeout (&

Return on Timeout ()

Tii t Recordi 3]
e ording & Default

Timeout Destination &
== choose one ==

Return to IVR after VM G

= IVR Entries
Digits @ Destination @ Return @ Delete
digits pressed == [RHOOSE ONE == - m m
+Add Another Entry

IVR General Options
IVR Name

Enter a name for this IVR.

IVR Description

Optional: Enter a description for the IVR to help you remember what it is for.

IVR DTMF Options

Announcement
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Here we choose which recording to be played to the caller when they enter the IVR.
This can be any system recording that you have defined in the System Recording
module. It will usually give them instructions, such as “press 1 for sales and 9 for

support.”

Enable Direct Dial

Do you want to allow callers to be able to enter a user’s extension number when
navigating the IVR to go directly to that user's extension? Your options are:

Disabled - This will not allow any caller to direct dial any extensions on the system.
Callers will be restricted to dialing only the IVR entries that you define.

Extensions - This will allow a caller to dial any system extension directly from the IVR,
regardless of what entries you define in the IVR.

Directory Names (if a directory exists) - You will get a list of all company directories on
your PBX, and you can restrict direct dialing to users who are a part of the company

directory. This is a way to restrict which extensions a caller can direct dial from an IVR.

Timeout

Enter the amount of time (in seconds) the system should wait for the caller to enter an
option on their phone keypad. If this amount of time passes without the caller entering
anything, it will be considered a timeout. After a timeout, the system follows the timeout

rules defined below. We recommend setting this to 4 or 5 seconds.

Invalid Retries

How many times a caller is allowed to enter an option without finding a match before we
send the caller to the Invalid Destination as defined below. We recommend setting this
to 2.

Invalid Retry Recording

The prompt to play to the caller when they enter an invalid entry. This can be any

system recording from the System Recordings module.

Append Announcement to Invalid

Yes/No: Controls whether a caller who makes an invalid entry will hear the main IVR
announcement again. If set to yes, the system will replay the main IVR announcement
after playing the invalid retry recording.

100



Return on Invalid

Yes/No: Controls whether a caller who makes an invalid entry in a "sub-menu" IVR will
be returned to the parent IVR. Only applicable if the current IVR was a destination in
another ("parent") IVR. If set to yes, the caller will return to the parent IVR after an
invalid entry. The return path will be to the IVR that was in the call path prior to this IVR,
which could lead to strange results if there was another IVR in the call path not

immediately before this one.

If set to no, the caller will be taken to the "invalid destination" set below after an invalid
entry.

Invalid Recording

The recording to play to the caller after they have reached the invalid retry count defined

above. This can be any system recording from the System Recordings module.

Invalid Destination

If callers cannot find a match after reaching the number of invalid retries defined above,
they will be transferred to the invalid destination you set here. This can be any

destination on your PBX.

Timeout Retries

How many times callers are allowed to timeout without pressing any options on their
keypad before they are sent to the invalid destination defined above. We recommend

setting this to 1.

Timeout Retry Recording

The recording to play to a caller who times out. This can be any system recording from
the System Recordings module.

Append Announcement on Timeout

Yes/No: Controls whether a caller who times out will hear the main IVR announcement
again. If set to yes, the system will replay the main IVR announcement after playing the

timeout retry recording.

Return on Timeout
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Yes/No: Controls whether a caller who times out in a "sub-menu" IVR will be returned to
the parent IVR. Only applicable if the current IVR was a destination in another ("parent")
IVR. If set to yes, the caller will return to the parent IVR after a timeout. The return path
will be to the IVR that was in the call path prior to this IVR, which could lead to strange

results if there was another IVR in the call path not immediately before this one.

If set to no, the caller will be taken to the "timeout destination" set below after timing
out.

Timeout Recording

The recording to play to a caller when they have used the number of timeout retries
defined above. This can be any system recording that you defined in the System

Recording module.

Timeout Destination

If callers do not make an entry within the maximum number of timeout retries defined
above, they will be transferred to the timeout destination. This can be any destination on
your PBX.

Return to IVR after VM

Yes/No: Whether to offer callers who end up in a user's voicemail box the option to
return to the IVR. If set to yes, callers who reach a voicemail box from an IVR will be
prompted to leave a voicemail and to press 9 to return to the main menu, which will
return them back to this IVR.

IVR Entries

This is where you define options for callers. Press the blue plus sign to add additional

entries.

=IVR Entries
Digits @ Destination @ Return @ Delete

- i

+Add Another Entry

Ext
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The digits the caller should press to reach the destination. We recommend using
only single-digit entries to keep it simple for your users.

Destination

The destination to route the caller to when they press the digits in the Ext field. This can
be any destination on your PBX, such as ring groups, time conditions, queues or
anything else.

Return

Yes/No: Whether to send callers back to the parent IVR when they press the digits in
the Ext field. For example, this is handy for things such as, "To return to the previous

menu, press 9."

You can add hidden options for things like remote voicemail access for
your employees. "Hidden" means the option exists but you don't
provide verbal instructions for it in your announcement to callers.
Note: the caller could still "guess" the option, so be sure to use difficult-
to-guess options and/or use password protection if security is an
important consideration.

For example, you could create an Ext entry of "98." For the destination,
you could choose “Feature Code Admin” and "Dial Voicemail <*98>" to
dial voicemail. Do not prompt the caller with this option in your
announcement. Inform your users that in the main IVR, they can dial 98
to access their voicemail. They will then be prompted to enter the
extension number and the voicemail password.
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3.9. Paging and Intercom

Paging and Intercom

This module is for specific phones that are capable of Paging or Intercom. This
section is for configuring group paging, intercom is configured through Feature
Codes. Intercom must be enabled on a handset before it will allow incoming calls. It
is possible to restrict incoming intercom calls to specific extensions only, or to allow

intercom calls from all extensions but explicitly deny from specific extensions.
This module should work with Aastra, Grandstream, Linksys/Sipura, Mitel, Polycom,

SNOM, and possibly other SIP phones (not ATAs). Any phone that is always set to

auto-answer should also work (such as the console extension if configured).

Go to Applications -> Paging and Intercom

5 Admin 5 Applications Cor ity (5 Reporis 5 Setiings Apply Config

IPPBX Statistics =
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On click Paging and Intercom following screen will appear. Click on +Add Page

Group button.
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(D spplications [T Connecthiny D settinngs Apply Config

Paging and Intercom

This module is for specific phanes that are capable of Paging af Intercom. This section is far tOi'flg uring group paging, intercom Istﬂnflqurtﬂ thegugh Feature Codes.
Intercom miust be enabled on a handset before it will aliow Incoming calls. It is possible to restrict ingeming intercom calls to specific extensions only, or to aliow Intercom
calis from all extensions but explicitly deny from specific extensions,

This madule should work with Aastra, Grandstream, Linksys/Sipura, Mitel, Polycom, SNOM . and possibly other SIP phones [not ATAS] Any phone that s always set 1o Juto:
answer should also work-(such as the console extension If configured).

PAGING GROUPS SETTINGS

+ Add Page Group I Search (] e

Page Group Description Default  Actlons

SO0 This is a testing purpose. L4 = ﬁ

Showing 1 to1 of 1 rows

On click +Add Page Group you will see following page, fill the information and click on
submit button.

Apply Config

Page Group

Paging Extension @

Group Description ©

Device List @ None selected =

Announcement ©

Default .
Speaker Volume Override @ None =
Busy Extensions @ m
Duplex & m
Default Page Group © m

Paging Extension
The extension number for this page group. Users can dial this number to page this
group. The number can be any number from 3 to 11 digits as long as it doesn't

match an existing extension or feature code.

Group Description

The name of the page group and/or a short description to help you identify it.
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Device List
Selected vs. Not Selected: Choose which extension(s) to include in the page group

by dragging the desired extensions to the Selected bin. These will be included in the

page group.

Announcement

The announcement to be played to the remote party. Select a system recording,
None, or Default. If set to Default, it will use the Auto-Answer Default global setting
found in the Settings tab of the Paging and Intercom module. (If that setting is not

defined, it will default to a beep).

Busy Extensions
Skip/Force/Whisper: How to handle paging if an extension is busy (such as on a

call).

Skip: A busy extension will not receive the page. All other extensions will be paged

as usual.

Force: A busy extension will receive the page. The system will not check if the
device is in use before paging it. Conversations can be interrupted by the page,
depending upon how the device handles the page. In most cases, the phone will
ring instead of auto-answering if it is on another call, but some phones will put the
caller on hold and play the page. This is not usually a desirable outcome unless you
are setting up a page group for emergencies, and you want all extensions to hear

the page regardless of whether they are already on a call.
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Whisper: The system will attempt to use the ChanSpy capability on SIP channels,
resulting in the page being sent to the busy device's earpiece. The page is
"whispered" to the user but not heard by the remote party. If ChanSpy is not
supported on the device or otherwise fails, no page will get through. It probably

does not make too much sense to choose duplex below, if using Whisper mode.

Duplex

Yes/No: This option controls whether the extension receiving the page is muted by
default. If you enable duplex, the extensions that are called in the page group will
not be muted, which will allow anyone to talk in the page group. Usually this will be

set to No.

Paging is typically used for one-way announcements. If Duplex is set to Yes, all
participants in the page group can talk to each other and hear each other, similar to

a conference room.

Any user can dial *1 to un-mute themselves at any time, regardless of whether

Duplex is enabled here.

Default Page Group

Yes/No: Whether to consider this page group a "default" page group. You can
create one or more default page groups. This can help you save time when creating
extensions in the Extensions module. There, you are given the option of whether to
include an extension in the default page group(s), preventing the need to re-visit

the Paging & Intercom module to add an extension to the group.

Settings

Click the Settings tab to set global settings for page groups
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Paging and Intercom

This module s for specific phones that are capabile of Paging of Intercom. This section B for configuring group paging, intercam is configured through Foature Codes.
Intarcom must be enabled on @ handset before it will alow incoming calls. [t is possible to restrict incoming intercom calls 1o specific extensions only, or to aflow intercom
calls from all extensions but explicitly deny fram specific edonsions,

This module should work with Aastra, Grandstream, LinksysfSipura, Mitel, Polycom, SNOM , and possibly other SIP phones [not ATAs), Any phohe that Is always et to auto-
answer shiould also work (such asthe console sxtension if configured),

PAGING GROUPS SETTINGS I

Paging and Intercom settings

Auto-answer defaulis © Delait
&

Drop Silence @ Yes Mo

Auto-answer defaults

This is the announcement to be played to the remote party when their phone

answers a page. The default is a beep. You can also select a system recording.

Select None if you do not want to play a beep or other sound.

Save

Click the Submit button, then click the Apply Config button.
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3.10. Parking
Parking

This module creates and configures parking lots, sometimes referred to as parking
orbits, where calls can be transferred in order to allow another extension to retrieve the
calls. This ability is a form of putting a call on hold so that the intended party can
retrieve the call from elsewhere. The standard module allows for the configuration of a
single parking lot available to all phones on the system while the Parking Pro module
allows multiple parking lots to be configured as well as other features discussed below.
When a call is parked, by transferring that call to the configured parking extension, the
call is placed into one of the parking slots configured by this module and announced to
the ‘parker.’ The slot can be dialed from other phones to retrieve the parked call or if the
call times out and is not retrieved in a timely manner, the parked call can be configured
to ring back to the parker or sent to other destinations configured in the system. Parking
can be greatly enhanced by programming a phone’s BLF buttons to the configured
parking slots as well as when used in conjunction with visual tools like XactView

operator panels and modules like Phone apps.

When combined with Paging Pro, Parking Pro offers a Park and Announce capability
that provides a very powerful and automated way of parking a caller. Park and
Announce allows for a call to be parked in conjunction with an automatic announcement
sent to the configured Page Group. The parked call can then be announced to that page
group with a configured message, the parking slot that the caller is parked in and an
optional recorded message or name by the caller being parked. This ability can be
manually triggered just like normal parking, by transferring a caller into a Park and
Announce extension, or can be fully automated by directing a call flow, usually from an

inbound route or IVR, to a Park and Announce destination.

Go to Applications -> Parking
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On click Parking following screen will appear.

Editing or Creating Parking Lots

Configuring a parking lot is substantially the same whether using the standard Parking
module or using the Parking module with Park Pro installed. Differences are noted in
this wiki.

The most important items to configure with parking are:

Parking Lot Extension

Parking Lot Starting Position

Number of Slots

Parking Timeout

Destination and Come Back to Origin configuration

Editing the default lot in the standard Parking module

The standard module comes with one "Default" parking lot and does not allow the

creation of multiple lots.

You can edit this default lot by going to the Parking Settings tab.

110



Apply Config

Parking Lot

This module is used ta configure Parking Lot{s)vou can transfer a call to the Parking Lot Extension (70 by default), the call will then be placed into a kot [71-78 by default)
and the kst number will Be announced ta you.You can alse transfer directly to a lot number (71 theough 78) and if that lot is empty, your call wili be parked there

PARKING SETTINGS PARKING HELP

Edit: Default Lot
=General Settings

Parking Lot Extension @

7o
Parking Lot Name @ Defautt Lot
Parking Lot Starting Position @ -
Number of Siots @ & {71-78)
Slot Range @ 7178
Parking Timeout (seconds) © 25
Parked Music Class @ default 1

Find Slot @

=Returned Call Behavior

Pickup Courtesy Tone @ Caller Parked Both None
Teansfer Capability © Caller Parked Both Neither
Re-Parking Capability & Caller Parked Hoth Meither
Parking Alert-Info haine i
Ri Val o i
nger Volume Override @ None 4
Callerlo Prepend @
Auto Callerid Prepend @ MNone Slot Extension Mame
Announcement @ e N
=flternate Destination
Come Back to Origin @ Yes MNo
Destination & Terminate Catl '
Hangup i

General Settings

Parking Lot Extension

This is the extension where a call is transferred to in order to send it to the parking lot.

Parking Lot Name
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This is a user-friendly name that will show up in the right navigation bar. With Parking
Pro, it allows you to identify different parking lots and is used in other parts of the

system that may refer to parking lot information, such as the Print Extensions module.

Parking Lot Starting Position

The first slot number for the parking lot. Cannot be the same as the parking lot
extension. When used in conjunction with the Number of Slots set below, the system

will create a range of extensions for your parking lot, starting with the first slot number.

Number of Slots

The total number of parking slots in this lot. For example, if your extension is 70 and you
enter 8 here you would have parking slots 71-78. The slot range will be displayed next
to this field.

Parking Timeout (seconds)

The duration of time in seconds that a parked call will remain in the parking lot before
timing out. If the call is not picked up within this period, it will automatically be sent to

the timeout destination configured in the Alternate Destination section.

Parked Music Class

This is the music class to play to callers who are waiting in the parking lot. If a specific
music class has been previously set for the caller prior to being parked, such as if the
call came through a Queue that set the music, then this selection will be ignored in favor

of the music class that was previously set for the call.

BLF Capabilities

Yes/No: Whether to enable busy lamp field (BLF) capabilities. Each parking slot can
have an Asterisk BLF “hint” associated with the parking slot. This allows a phone to
have buttons programmed to the parking slots. When a call is parked in that slot, the

BLF light will illuminate. You must select Yes if you want hints to be enabled.

Find Slot
Next: The parking lot will seek the next sequential parking slot relative to the the last

parked call instead of seeking the first available slot. This is useful if you have a specific
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application where you would prefer that calls are parked into the next available slot,
such as you want to try and visualize the order in which the calls were parked.

First: Use the first parking slot available. This is the default setting. This might be
particularly useful if you have 8 slots available but most phones only have BLF buttons
programmed to the first couple of slots. This would maximize the frequency that all calls

are parked in the first few slots.

Returned Call Behavior

If a call is not retrieved from the parking lot after the configured timeout duration, then
the system will attempt to return the call either directly to the device that parked the call,
or to the destination set in the Alternate Destination section. The options configure both
capabilities of the returned call, such as whether or not it can be parked again, as well
as conditioning of the returned call such as Caller ID pre-pending that may help identify

the call as a timed out parked call.

Pickup Courtesy Tone

Caller/Parked/Both/None: Whom to play the courtesy tone to when a parked call is
retrieved.

Transfer Capability

Caller/Parked/Both/Neither: Sets who has DTMF-based transfer capability, usually
configured as "##," once the call has been picked up. This does not control the transfer
capability of a phone’s transfer button unless that phone is programmed to send the

DTMF code when transferring.

Re-Parking Capability

Caller/Parked/Both/Neither: Sets who can re-park a call after it has timed out.

Parking Alert-Info

Alert-Info to add to the call prior to sending the call back to the originator or alternate
destination. Please see our wiki on Alert-Infos for more information on how they work

and the options for different phones.

CallerID Prepend
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A string to pre-pend to the current Caller ID associated with the parked call prior to
sending the call back to the originator or alternate destination. This is often used to
identify where a call came from such as PRK to show us it was a Parked Call. If used in
conjunction with the Auto CallerID Prepend below, this will be placed first followed by

the configured Auto Caller ID.

Auto CallerID Prepend

This will automatically prepend specific identifying information about the parked call
after a timeout. The options are:

None: Do not auto populate a CallerID Prepend.
Slot: The parking slot where the parked call was parked prior to the timeout.

Extension: The user extension number who originally parked the call, if parked by a

local extension on the PBX

Name: The name associated with the user extension number who originally parked the

call, if parked by a local extension on the PBX.

Announcement

A message that will be played to the caller prior to sending the call back to the originator

or to the alternate destination. You can select "none" or one of your system recordings.

Alternate Destination
Come Back to Origin

Yes/No: Whether to send a timed-out parked call back to the device that parked the
call. If No, the timed-out call will be routed straight to the destination set below.

If Yes, the call will be sent back to the origin, but if that device is not available or does
not answer, the destination below will ultimately be used. Therefore, a reasonable

destination such as a receptionist, ring group, voicemail, or similar should be set.

Destination

This is the destination where a timed-out parked call will be sent either directly (if Come
Back to Origin = No), or when a device is unreachable or not responding. This can be

any destination on your PBX.

Save
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When finished, click the Submit button, then click the Apply Config button.
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4. Connectivity

Connectivity

Here you can handle connectivity setting of PBX system.

e Inbound Routes
e Outbound Routes

e Trunks
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4.1. Inbound Routes

Inbound Routes

When a call comes into your system from the outside, it will usually arrive along with
information about the telephone number that was dialed (also known as the "DID") and

the Caller ID of the person who called.

The Inbound Routes module is used to tell your system what to do with calls that come
into your system on any trunk that has the "context=from-trunk" parameter in the PEER

details.

The Inbound Routes module works together with most other modules. Calls come into
your system on trunks that are configured in the Trunks module. The Inbound Routes
module then tells the PBX where to send these calls. Calls can be sent to a variety of
destinations, including an Extension, Ring Group, Queue, IVR, Time Condition, Feature

Code, DISA, Conference, etc., all of which are configured in their own modules.

Go to Connectivity -> Inbound Routes

5 Admin (5t Applications 1 Connectivity 5! Reports (5 Settings Apply Config

System Overview X Statistics 1+
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) Advanced Seqtings)
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Uptime

Syitem Last Rebooted

Load Avaragas

On click Inbound Routes following screen will appear. Click the + Add Inbound Route
button.
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Apply Config

Inbound Routes

—} Add Inbound Roube caarih E
DD (1] Description Destination Actions
Ay Ay sandeep Extensions: 100 Adore Testing [2' m

Showing 1to 1of 1 raws

Adding an Inbound Route

The PBX allows two specific types of inbound routing: DID & CID Routing. These two

routing methods can be used on their own or in conjunction with one another. Leaving

both fields blank will create a route that matches all calls.

Inbound Routes
Add Incoming Route

ADYAMCED PRIVACY OTHER

DID Number

calleriD Number &

CID Priority Route G m

Alert Info (2 NiaE

Ringer Volume Overrlde &) L
None

€10 name prefix &

Music On Hold & o
Default

Set Destination (2
ek Deatiaatixn ) == ¢NGOSE ONE ==

EDE
Description

Enter a unique description for the route.

DID (Direct Inward Dialing) Number

Routing is based on the trunk on which the call is coming in. In the DID field, you will
define the expected “DID Number® if your trunk passes the DID on incoming calls.
Leave this blank to match calls with any or no DID info. The DID number entered must

match the format of the provider sending the DID. You can also use a pattern match to
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match a range of numbers. Patterns must begin with an underscore (_) to signify they
are patterns. Within patterns, X will match the numbers 0-9 and specific numbers can
be matched if they are placed between square parentheses. This field can also be left
blank to match calls from all DIDs. This will also match calls that have no DID

information.

CID (Caller ID) Number

Routing calls based on the caller ID number of the person that is calling. Define the
caller ID number to be matched on incoming calls. Leave this field blank to match any or
no CID info. In addition to standard dial sequences, you can also put “Private,”
“Blocked,” “Unknown,” “Restricted,” “Anonymous” or “Unavailable” in order to catch

these special cases if the telco transmits them.

CID Priority Route

Yes/No: Whether to designate this route as a Caller ID Priority Route. This will

only affect routes that do not have an entry in the DID field. If set to Yes, calls with this
CID will be routed to this route, even if there is a route to the DID that was called.
Normal behavior is for the DID route to take the calls. If there is a specific DID/CID route
for this CID, that route will still take the call when that DID is called.

The default priority levels are matched in the following sequence:
Routes with a specific DID and CID will always be first in priority.
Routes with a specific DID but no CID will be second in priority.
Routes with no DID, but with a specific CID will be third in priority.

Routes with no specific DID or CID will be last in priority.

Alert Info

This is used to send a string of text in the SIP ALERT_INFO headers. It’s often used for
SIP endpoints that ring differently or auto-answer calls based on the ALERT_INFO text

that is received.

CID name prefix

This allows text to be prepended to the caller ID name information from the call. This is

often used to identify where a call came from. For example, a number dedicated for
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sales might be prefixed with "Sales:.” A call from John Doe would display as,

“Sales:John Doe.”

Music On Hold

Music on Hold (MoH) allows you to define the specific music on hold for calls on this
inbound route. Whenever a caller is placed on hold, they will hear the music on hold
defined here. This is typically used for companies that advertise in their music on hold
and take calls in multiple languages. For example, calls to an English DID might play
English advertisements while calls to a Spanish DID would play Spanish

advertisements.

Set Destination

The PBX provides multiple ways to route a call. This is the place where the desired call

target is selected.

Advanced

( A‘nm @ Pashboard 5 Akl 5 Applications 9 Connecthity [ Feparts 9 Settings Apply Config

Inbound Routes

Add Incoming Route

GENERAL ADVANCED PRIVACY OTHER

| signal RINGING (2

| Reject Reverse Charges (5

| Pause Before Answer ()

Signal RINGING

Yes/No: Whether to send “ringing” tones before the system lets the other side know that
the call has been answered. Some providers and devices require RINGING to be sent
before ANSWER. You'll notice the need for this if you can send calls directly to a

phone/extension, but if you send it to an IVR, it won’t connect the call.
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Reject Reverse Charges

Yes/No: Whether to reject calls that indicate a billing reversal, if supported. On PRI
channels, the carrier will send a signal if the caller indicates a billing reversal.
Pause Before Answer

An optional delay to have the PBX pause before processing this route. This is not really
useful on digital connections, but may be handy if external fax, modem, or security
systems are installed on the trunk and you would like them to be able to seize the line

prior to the PBX answering the call.

Privacy

@ Dashboard I8 Ak D AppEcations [ Connectivity M Reparts [ Settings Apply Config | L] || L |

Inbound Routes

Add Incoming Route

GENERAL ADVANCED I PRIVACY I OTHER

| Privacy Manager 1

Vet No

| Max attempts (0 f

| Min Length & 0

Privacy Manager

Yes/No: Whether to enable the PBX “Privacy Manager” functionality on this route.
When enabled, calls without an associated caller ID will be prompted to enter their 10-
digit telephone number. Callers will have 3 attempts to enter this information before the
call is disconnected. If a user/extension has call screening enabled, the incoming caller

will be prompted to say their name when the call reaches the user/extension.

Max attempts

Maximum number of attempts the caller has to enter a valid CallerlD.

Min Length
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Minimum amount of digits the CallerID needs to contain in order to be considered valid.

Other

(S admin Y Applications T Canneoctivity [ settings Apply Config

Inbound Routes
Add Incoming Route

GENERAL ADVANCED I*RIU&C\’I OTHER I

Mote thae the meaning of these cptions has changed. Pleasa read the wikd for futher Infermation on thase changes
SRR AT Force  Yes  Don'tCare Mo Never
CID Lookup 5
| ookup Source @ None ¥
. —

Call Recording

Force/Yes/Don't Care/No/Never: This setting controls or overrides the call recording
behavior for calls using this route. See the Call Recording Walk Through for details on

the modes.

Save

Click the Submit button, then click the Apply Config button.
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4.2. Outbound Routes

Outbound Routes

Outbound routing is a set of rules that the PBX uses to decide which trunk to use for an
outbound call. Having multiple trunks allows you to control cost by routing calls over the
least costly trunk for a particular call. Outbound routes are used to specify what

numbers are allowed to go out a particular route.

You will want to make sure you define routes for all types of calls. Not defining a route

can leave your users frustrated when they need to make an important call.

When a call is placed, the actual number dialed by the user is compared with the dial
patterns in each route (from highest to lowest priority) until a match is found. If no match
if found, the call fails. If the number dialed matches a pattern in more than one route,

only the rules with the highest priority in the route are used.

Go to Connectivity -> Outbound Routes

Gl Dushboard  (Dadmin  Dapplications [ Connectivity MRepors  [Diseutings Applyconfig | @ || @

Inbound Routes

X Statistics b
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w
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Load Averages

On click Outbound Routes following screen will appear.
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2 Dashbagrd D admin

Outbound Routes

This page is used Lo manage your gutbound routing

—} PO RLIT TP PO T Losdling, please wait..

Name Qutbound CID Artributes Actions

+ adare BECOS10156 a8 a6 o

The outbound routes home page shows a list of routes, in order of priority from highest

to lowest. The columns are Name, Outbound CID, Attributes, and Actions.

Name

The name of the route, along with an arrow symbol : 4 indicating you can drag and drop

the route to change its order in the list.

Outbound CID

The outbound caller ID for this route.

Attributes
o Green=Yes

e Gray =No

£

= Emergency Route

= Intra-Company Route

% = Password-Protected
o = Time Group Assigned
Actions

(" - View or Edit

)
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Adding an Outbound Route

Click the +Add Outbound Route button.

D admin (D applicatians [P Connecthity D reports Apply Config

Outbound Routes

This page is used Lo manage your gutbound routing,

—)- PO RLIT TP PO T Losdling, please wait..

Name Qutbound CID Artributes Actions
+ Adore BE00S10156 = -] o

Route Settings

&1 Dashboand % Adimi 1% 81 Connectivity 9 Semtings Apply Config

Outbound Routes
Add Rovute

ROUTE SETTINGS DIAL PATTERNS IMPORT/EXPORT PATTERNS ADDITIONAL SETTINGS

Route Name ()
Route CID (2

Override Extension (5} Yeu No

Route Password (2
Route Type & Emergency Intra-Company.

i 3 O
Music On Hold? ) difait v

Route Pesition 2
Last after

Trunk Sequence for Matched Routes (0
+

o ¥

©Optlonal Destinatlon on Congestion (2 socmal Congestian

Route Name

Name of this route. Usually used to describe what type of calls this route matches (for

example, "local" or "longdistance"). Cannot contain spaces.

Route CID

Optional route Caller ID to be used for this route. If set, this will override all

CIDs specified except:
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Extension/device EMERGENCY CIDs if this route is checked as an EMERGENCY route
type

Trunk CID if trunk is set to force its CID

Forwarded call CIDs (CF, Follow Me, Ring Groups, etc)

Extension/user CIDs if the Override Extension option is set to No

Override Extension

Yes/No: If set to Yes, the extension's Outbound CID will be ignored in favor of the route
CID set above. The extension's Emergency CID will still be used if the route is an

Emergency Route and the Extension has a defined Emergency CID.

Route Password

(Optional) A route can prompt users for a password before allowing calls to progress.
This is useful for restricting calls to international destinations or 1-900 numbers. A
numerical password or the path to an authenticate password file can be used. Leave

this field blank to not prompt for a password.

Route Type

(Optional) Whether the route is considered an emergency or intra-company route.
Emergency: This will enforce the use of a device’s Emergency CID setting (if set).
Select this option if the route is used for emergency dialing (i.e.: 911).

Intra-Company: The system will treat route as an intra-company connection, preserving
the internal caller ID information instead of the outbound CID of either the extension or

trunk.

Music On Hold

You can choose which music category (MoH) to use. For example, choose a type
appropriate for a destination country that may have announcements in the appropriate
language.

Time Group

If this route should only be available during certain times, then select a time group

created under the Time Groups module. The route will be ignored outside of times
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specified in that time group. If left as default, “Permanent Route,” then it will always be
available.
Route Position

Where to insert this route or relocate it relative to the other routes.

Trunk Sequence for Matched Routes

The trunk sequence controls the order of trunks that will be used when the above dial
patterns are matched. For dial patterns that match long distance numbers, for example,
you would want to pick the lowest cost route for long distance, followed by more

expensive routes.

Time Group

By default the route is a Permanent Route, meaning it is available at all times. To
restrict the route to only being available during certain times, you can select a time
group from the drop-down menu. Then, the route would be ignored outside of times

specified in the time group.

Route Position

Where to insert this route or relocate it relative to the other routes. You can select a
position from the drop-down menu. You will also be able to move the route later by
dragging and dropping it in the routes list on the module home page.

Trunk Sequence for Matched Routes

Controls the order of trunks that will be used when the above dial patterns are
matched. For dial patterns that match long distance numbers, for example, you'd want
to pick the cheapest routes for long distance (i.e., VolP trunks first) followed by more

expensive routes (POTS lines).
Select one or more trunks from the drop-down menus. You can also change the order of

trunks by dragging and dropping the routes using the arrow icon + . The top route will

be tried first, followed by the next route down, and so forth.

Optional Destination on Congestion
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Destination for calls that encounter trunk congestion. Default = Normal Congestion.
You can select a different destination if desired. For example, you might play a

customized system recording.

Dial Patterns

[ Aﬂm (2 Dashboard D acdmin 5 applcaticns [T Connecthvity

Outbound Routes
Add Route

ROUTE SETTINGS I DIAL PATTERNS I IMPORT/EXPORT PATTERNS ADDITIONAL SETTINGS

Dial Patterns that will use this Route

Fattern Help +

7 Dial patterns wizards

{ prepend Y | prefix | [ match pareer ! CalleriD ] +@

A dial pattern is a unique set of digits that will select this route and send the call to the
designated trunks. If a dialed pattern matches this route, no subsequent routes will be
tried. If time groups are enabled, subsequent routes will be checked for matches outside

of the designated times.

A dial pattern can have up to four elements: Prepend, Prefix, Match Pattern,

and CallerID. Each element has its own field in the Outbound Routes Dial Patterns tab.
The format is:
(prepend) prefix | [ match pattern / caller ID ]

You can enter any combination of numbers and the following special patterns:

Patterns Description
X Any whole number from 0-9

z Any whole number from 1-9
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N Any whole number form 2-9

Any whole number in the brackets, example [123]is 1 or 2 or 3.

[###] Note that multiple numbers can be separated by commas and ranges of
numbers can be specified with a dash ([1.3-6.8]) would match the
numbers 1,3,6,7 and 8.

.(dot) It matches one or more characters and (acts as a wildcard)

Prepend

The prepend will be added to the beginning of a successful match. If the dialed number
matches the patterns specified by the subsequent columns, then this will be prepended

to the sequence before sending it to the trunks.

Prefix

Prefix to remove upon a successful match. The dialed number is compared to this and
the subsequent columns for a match (prefix + match pattern). Upon a match, this prefix
is removed (stripped) from the dialed number before sending the sequence to the

trunks.

Match Pattern

The dialed number will be compared against the prefix + this match pattern. Upon a
match, the match pattern portion of the dialed number will be sent to the trunks.

CallerlD

If caller ID is supplied, the dialed number will only match the prefix + match pattern if the
caller ID being transmitted matches this. When extensions make outbound calls, the
caller ID will be their extension number and NOT their outbound CID. The above special
matching sequences can used for caller ID matching similar to other number matches.

Dial Patterns Wizards

These are pre-constructed dial patterns. Selecting a pre-made pattern will automatically

populate the Dial Pattern fields.

To use a wizard, click the Dial patterns wizards button.
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Apply Config

Outbound Routes
Add Route

ROUTE SETTINGS DIAL PATTERNS IMPORT/EXPORT PATTERNS ADDITIONAL SETTINGS

Dial Patterns that will use this Route

Fattern Help

7 Dial patterns wizards

{ prepend ) | prefix | [ matchpareen | callesiD ] +o

This displays a pop-up window where you can generate various dial patterns.

Dial patterns wizards

These aptions provide & quick way to add outbound diating rudes. Fellow the prompts for each,

Download tocal prefixes This books up your kocal number on waw.localcallingguide.com [NA-only), and seis up 50 you can
dial edther 7, 10 or 11 digits {S551234, 6135551234, 16135551224 as selécted balow 1o access this route. Please note this
requines intermet aicess and may Lake some time

Generate Buttonsyou may choose 710,11 digh patterns as your provider allews. If you da not choase *Dawnlaad® this will
aud a generic 7,10 of Il digit pattern

Generlc Patternsyou may sefect to allow toll free calls such as 800,877 etcas well as Directory assistance, International
dialing and long distance

NPA

T Digit Patterns 10 Digit Patterns 11 Digit Pattems

U3 Toll Free Patterns Us Information US Emergency US International Long Distance

Generate Routes

The information on this wizard comes from a variety of sources and is
not guaranteed to be 100% complete or correct. For authoritative

information, please consult the appropriate company or trunk
provider.

How to Generate Local Dial Patterns
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The Download Local Patterns feature will look up the NPA-NXX (area code and

prefix). This feature is only available for North American numbers.

NPA
NXX
Download Local Patterns

« Enter your local NPA (area code)
o Enter your local NXX (prefix)

« Select the Download Local Patterns button. It will turn dark blue when selected.

Download Local Patterns

Now, select one or more pattern options in the next line of buttons. You can choose

from 7-, 10-, and 11-digit patterns.

Unselected:

7 Digit Patterns 10 Digit Patterns 11 Digit Patterns

Selected:

7 Digit Patterns 10 Digit Patterns 11 Digit Patterns

Click the Generate Routes button.

Generate Routes

« Be patient; this may take some time. After the system has looked up and downloaded
local dial patterns, the Wizard window will disappear, and your dial pattern fields will be

populated with the 7-, 10-, and/or 11-digit patterns you requested.

How to Generate Generic 7-, 10-, and/or 11-Digit Dial Patterns
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o Leave the NPA and NXX fields blank
o Do not select the Download Local Patterns button (it should be light blue in color)

o Then, select one or more pattern options:

7 Digit Patterns 10 Digit Patterns 11 Digit Patterns

o Click the Generate Routes button.
o Your new dial patterns will be added to your list in the Dial Patterns tab. If the

Wizard window does not automatically disappear, click Closeto close it.

How to Generate Toll-Free, US Information, US Emergency, US International,

and Long Distance Dial Patterns

o Choose one or more of the buttons near the bottom of the Dial Patterns Wizard.
Note: the settings above, such as 7/10/11 digit patterns and NPA-NXX do not

affect these dial patterns.

US Toll Free Patterns US Information US Emergency US International Long Distance

o US Toll Free Patterns: 11-digit dial patterns
1800NXXXXXX, 1888NXXXXXX, 1877NXXXXXX, 1866NXXXXXX, 1855NXXXX
XX, and 1844NXXXXXX

o US Information: 3-digit dial patterns 211, 311, 411, 511, 611, and 711.

o US Emergency: 3-digit dial patterns 911 and 933, along with three other
versions of 911 containing a prefix (1-911, 9-911, and 91-911).

o US International: Matches any number that begins with 011 (dial pattern of "011

+ wildcard").

o US International: A generic 11-digit dial pattern starting with 1
("TNXXNXXXXXX™).

Click the Generate Routes button.

Your new dial patterns will be added to your list in the Dial Patterns tab. If the Wizard

window does not automatically disappear, click Close to close it.
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Import/Export Patterns Tab

Apply Config

Outbound Routes
Add Route

ROUTE SETTINGS DIAL PATTERNS I IMPORT/EXPORT PATTERNS I ADDITIONAL SETTINGS

l Upload from €5V &)

{E:pﬂnn pialplans as €SV (7 m

Here, you can import dial pattern CSV files or export your dialplan as a CSV file.

Upload

Create a CSV file with a dial pattern list. If there are no headers, then your CSV file
must have 4 columns of patterns in the same order as in the GUI. You can also supply
headers: prepend, prefix, match pattern and callerid in the first row. If there are less

than 4 recognized headers, then the remaining columns will be blank.

Click the Choose File button to import a CSV file. Select the file from your computer.
After you have made your selection, the filename will appear next to the Choose File
button. The new dial patterns are added to your list in the Dial Patterns tab after you

click the module's Submit button.

After clicking Submit, the dial patterns in your CSV file will replace the

entire list in your Dial Patterns tab, instead of adding to or syncing with
any dial patterns you previously entered in that tab.

Export

Click the Export button to download a list of patterns as a CSV file with headers listed

as: prepend, prefix, match pattern and callerid in the first row
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This feature will export the latest dialplan that has been submitted. If
this is a brand-new route or you have just made changes to your dial

patterns, you would need to click the module's Submit button before
this feature will work correctly.

Additional Settings

The settings shown here will vary depending upon whether you have additional add-ons
installed. If you have modules such as Outbound Call Limiting, Class of Service,

Extension Routing, Fax Pro, and Page Pro, you will see their associated options.

Below is the view without add-ons:

Apply Config

Outbhound Routes
Add Route

ROUTE SETTINGS DIAL PATTERNS IMPORT/EXPORT PATTERNS I ADDITIONAL SETTINGS I

s

Note that the meaning of these options has changed. Please read the wiki for futher information on these changes

Call Recording © Force  Yes Don'tCare  No  Never

Call Recording

Force/Yes/Don't Care/No/Never: This sets the call recording behavior for calls going
out this route.

Click the Submit button, then click the Apply Config button to save the changes.
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4.3. Trunks

Trunks

The Trunks module is where you control connectivity to the PSTN and your VolP
provider(s). This is where you also control to interconnect other PBX’s for multi-site
applications. The most common trunks are SIP and DAHDI (or Zap). Other than the
Extensions module, the Trunks module is one of the most critical modules on the

system and allows for a great deal of flexibility.

Go to Connectivity -> Trunks

5 Admin 5 Applications [P connectivity % Reports 5 settings Apply Config

Inbound Routes
System Overview 3X Statistics 4]

Ofmin @ Teumis Rag @ Tronks O @ Astve Cais
1

Q

Outbound Routes

Welcome to IPPBX
1PPEX 13.0.192.17 "IPPEK

I'veu can change this name in Advanced Settings/ .
LD Syslnfo updated 1PPEX seconds 550 "
Agterisk o .
WysaL o Critical Errars folnd
Wish Server - Pless chack foc s n e noicaton
Uptime o

System Last Rebooted

IPPEX agl
Load Averages

404 1.1} L1
T Mirwre 5 Remeites 15 KhnLtey

On click Trunks following screen will appear. Click the + Add Trunk button.

2 Dashiboard 15 Adimin [ Applcatians B Connecthiry %Y veports

Trunks

This page 15 used to managé various System trunks

—} Add Trunk - RS m

Mame Tech CalleriD Status Actions
dahdi Enabled o
tost 3ip 123455789 Enabled r4 |

Showing 1 1o 2 of 2 nows

You will want to click on the trunk type you wish to create.
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Trunks

This page is used to manage varlous system trunks

’ Loading, please wait -, SEatch

+ Add 51P (chan_pjsip) Trunk Tech Callerid SEATUS Actions
+ Add 317 (chan_sip) Trunk dahdi Enabied o

+ Add DAHDI Trunk < 123455789 Enabled &

+ Add 1AX2 Trunk

+ Add ENUM Trunk
+ Add DUNDI Trunk
4 Add Custom Trunk

General

Apply Config

H

IPPBX Trunk

I GEMERAL I DIALED NUMBER MANIPULATION RULES SIP SETTINGS

Trunk Name G

Hide Calleri G m

Outbound CallerlD &

1D Options (2 Allow Any C1D Block Forelign CIDs Remowe CNAM Force Trunk CID

Maximum Channels (2

Asterisk Trunk Dial optians &)

pisable Trunk &

Continue if Busy (2 m

L8

Trunk Name

Set a descriptive name for the trunk.

Hide CallerID
Hide the outbound Caller ID, The same as adding hidden to Outbound CID

Outbound CallerID
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Use this field to specify caller ID for calls placed out of this trunk with the
<SNXXNXXXXXX> format. You can also use the format: “hidden” <NXXNXXXXXX> to
hide the caller ID sent out over digital lines, if supported (E1/T1/J1/BRI/SIP/IAX2).

CID Options

This setting determines what CIDs will be allowed out of this trunk. Please NOTE that
Emergency CIDs defined on an extension or device will ALWAYS be used if this trunk is

part of an emergency route regardless of these settings.

Maximum Channels

Controls the maximum number of outbound channels (simultaneous calls) that can be
used on this trunk. To count inbound calls against this maximum, use the auto-
generated context: from-trunk-[trunkname] as the inbound trunk’s context (see

extensions_additional.conf). Leave blank to specify no maximum.

Asterisk Trunk Dial Options

Asterisk Dial command options to be used when calling out this trunk. To override
the Advanced Settings default, check the box and then provide the required options

for this trunk

Continue if Busy

Normally the next trunk is only tried upon a trunk being '‘Congested' in some form, or
unavailable. Checking this box will force a failed call to always continue to the next
configured trunk or destination even when the channel reports BUSY or INVALID
NUMBER. This should normally be unchecked

Disable Trunk

Check this to disable this trunk in all routes where it is used.

Dialed Number Manipulation Rules
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These rules can manipulate the dialled number before sending it out of this trunk. If no
rule applies, the number is not changed. The original dialled number is passed down
from the route where some manipulation may have already occurred. This trunk has the
option to further manipulate the number. If the number matches the combined values in
the prefix plus the match pattern boxes, the rule will be applied and all subsequent rules
ignored. Upon a match, the prefix, if defined, will be stripped. Next, the prepend will be
inserted in front of the match pattern and the resulting number will be sent to the trunk.

All fields are optional.

IPPBX Trunk

GEI‘IERAI.I DIALED NUMBER MANIPULATION RULES IS{PSETTINES

Dial Number Manipulation Rules

These rules can manipulate the dialed number before sending it out this trunk. If no rule applies, the number Is not changed. The ariginal dialed number is passed down from
the route where some manipulation may have afready occurred, This trunk has the option to further manipulate the number. If the number matches the combined values inthe
prefix plus the match pattern boxes, the rule will be appled and all subsegquent rules ignored.

Upon a match, the prefbe if defined, will be stripped. Next the prepend will be Inseried In front of the match pattern and the resulting number will be sent to the trunk. All
fields are optional

Rules:

® matches any digit from 0-9

Z matches amy digit from1-9

N matches any digit from 23

[1237-9] matches any diglt ar letter In the brackets {in this example, 1,2.3.7.8.9)
= wildcard, matches one or mare characters (not akowed before a | or +}

#* Dhal patterns wizards

L -
L prepend 1) | peefix ] 1 matgh pattes L)

Outbound Dial Prefix ()

S ] e |
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5. Reports

Reports

For more information on a particular Reports Module, select the Module from the list

below.
« CDR Reports
« Call Event Logging
o LogFiles

e« Print Extensions
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5.1. CDR Reports
CDR Reports

The CDR Reports Module allows you to view a report showing the telephone calls made

from and received to your system.

You can choose to view a complete history or calls, or to search by date, date range,

number called, caller ID, etc.
The CDR Reports Module includes tool tips that help to explain what the options means.

Go to Reports -> CDR Reports

€& Dashboard 1D Aderin I Applications [P Conpectivity 5 Reports [ Settings Apply Config | i 1 || o |

—) I COR Repois

Call Event Logging
o ® Users Ol B Tonis 0N @ Actve Caig
Logfiles "

-

System Overview =

Welcome to IPPBX

Print Extensions

SECONGE 3ga

Uptime

Syitern Last Rebooted

Load Averages

On click CDR Reports following screen will appear. Call Reports is designed to be the
raw data of all call activity on your phone system. It can be a very challenging module to
work with because it's not in a very user-friendly format and there is so much raw Call
Detail Records (CDR). It is really meant as a way to export the data so you can build

your own custom reports around the raw data.

From the landing page you can run reports against your CDR database and filter on the
Following scenario:

Call Date

CallerID Number

CallerlD Name

Outbound CallerID Number
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DID

Destination

Destination CallerID Name
Userfield

Account Code

Duration

Disposition

Apply Config

CDR Reports
—Call Detanl Ravosa S
Order 8y Search Conditions
® can Baze O Fromc o1 |[Mevember v (2017 v Ji06 |00 [Tecilt |[Mevember v 3017 v |28 lsa e Cpie
" . " D ¥ COR sroren
2 Caler]D Numer B | P L Begins e ® Conang: O Enaeitin: 10 Bt L Report TYPE: (] coy e
EatiertD Name B, | Pro: L B witr: ™ Conmaing: F Enge witn: S Bxaemye & L - Call Gragh
) Outbound Catler1D Murnber B Theen & Baging Wi & Corasing: £ Engswien: O eseny: © m”m“:i.‘ﬁ
J oD, | mae L) moging winr: 1 Cerning: ) Engs i OF Expenty
) Destination B o L megins witn: & Cortaing: © s winh: O ey O
Deestination Cattert Hamse O peot: I} Bogins win: ' Commmny: 1 v wior: 0 Bk O
' usaeniens Pict: ) Begm. witrc #1 Conmaing: © s wirr: & Exaciy: ©
) mecourn Code @ tior: 1 Begins Witk S Comtaing: OF Eras with: & Sxacty
2 Dueasion B Betwesn e Secnndt
Disposizion & Al Gisgersiions ¥ Noc I
— = ; =
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5.2. Call Event Logging

Call Event Logging

Go to Report -> Call Event Logging

Apply Config

COR Reports

_—} €all Event Logging

You miay search by any or all of the fields below. The more fields you fill in the more refined the repart. Logfiles

Call Event Logging

Print Extensions

Search
Date Range & e fyvyy rriven f el yyvy
Caller 1D &

Dialed Number &

Application @

phradonsiriotech.coin/admindoondig php idsply=cd m m

On click Call Event Logging following screen will appear. Here you can find all Call

Event Log Report by using search section.

M 2 Dashboard 5 Admin S AppE [ Con y % Reports B Settings Apply Config

Call Event Logging

You may search by any or all of the flelds below, The more flekds you fill in the more refined the report.

Search
Date Ra
Aniange O mim fdd {yyyy o fdd S yyyy
Caller ID @
Dialed Number &

Application @

=3
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5.3. LogFiles
LogFiles

The Lodfiles Module is an easy way to view portions of the Log. However, this Module

is only useful when you want to view a very recent event in the Log.

Go to Reports -> LogFiles

@ Dashbosrd  [DAdmin  [RApplcations  (Dconnectvity [Reports (9 Suttings Apply Config | £ | o |

el
L&)

[#]

System Overview

@ Tonis OF @ Activs Cals
0

Welcome to IPPBX __)l Leaflie I
9 ‘IPREX

o v Print Ex ns
PH, iy
-
&
o
W A
[
Uptime =

Syitem Last Rebooted

Load Averages

o

On click LogFiles following screen will appear.Here you can see LogFiles of the PBX

System.

@ 'Dashboard = [Admin  [DApplications  (DConnecthdty M Reports  [MSettings Apply Config I m ” o !

Leg Files

Lines

Filter (0
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5.4. Print Extensions

Print Extensions

The Print Extensions Module is a useful tool that allows you to print a list of all numbers
that can be dialed from or to your system, and where callers who dial them will end up.
The Module begins by showing you the Inbound Routes, which are numbers that
outside callers (any caller coming into a trunk that uses context=from-trunk) can dial,
and where those calls will be routed. The remaining information listed are phone
numbers that can be dialled by internal callers (any caller that uses a context=from-

internal, including your Extensions).

Go to Reports -> Print Extensions

faF Daskboard 5 Asmin [0 Applications 5% Connectivity [ Reports

CDR Reports

-

— Call Evens Logging -

& Uzars Onl B Trunks O @ Actve Cats.
Logfiles n

System Overview

Welcome to IPPBX

PPEx 12.0.192.19 IPPRX"
(¥ow can change this name in Advanced Sertings)

Sumimary Sysinfo updated IPFEX seconds age
Asteriak o
MySOL o

Webd Server L

Q

Uptime

System Last Rebooted

PPEL ago

Load Averages

10 a0
T Aitere 5 bt 15 Mingtes

On click Print Extensions following screen will appear.
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PBX Extensions

Users
100 - Adore Testing
1001 - 1001
4001 - 4001
5001 - Man]ect
1212021
52525 - 52525
63636 - 63635
123456 - aman
654321 - amana

123456789 - 123456789
Conferences

1000 - Conference

105 - Adore Support

Feature Codes
*30 - Blacklist a numbier
*31 - Remove a number from the blackiist
73~ Call Forward All Deactivate
*74 - Call Forward All Prompting Deactivate
#91.- Call Forward Busy Deactivate
*92 - Call Forward Busy Prompting Deactivats

*53~ Call Forward Mo Answer/Unavailable Deactivate

*06 - Call Farward Toggle

=71 - Call Wailting - Deactivate

*10 - Contact Manager Speed Dials
555 - ChanSpy

*2 - In-Call Asterisk Attended Transfer
w4 - Irn-Call Asterisk Disconnect Code
7777 - simulate Incoming Call

*11- User Logon

*78- DND Activate

*76- DND Toggle

69 - Call Trace:

*65 - Spedk Your Exten Number

*80 - Intercom prefix

55 - Uiser Intercom Disallow

85 - Plckup ParkedCall Prefix

*98 - Dial Voitermall

*97 - My Volcemail

102 - Manjeet
1008 - 1008

5000 - Five thousand
5555 - zaeem
45454 - a5454
56565 - 56565

98711 - a8
456985 - 456985

989993 - 489959

102 - Rall

200 - ddore

*32 - Blacklist the last caller

*72 - Call Forward All Activate

*93 - Call Farward All Prompting Activate

*o0 - Call Forward Busy Acthvate

*a4 - Call Forward Busy Prompting Activate

*52 - Call Forward No Answer/Unavailabie Activate

*95 - Call Forward Mo Answer [Unavailable Prompting
Activale

*70 - Call Waiting - Activate

*§7 - Conference Status

*§ - Asterisk General Call Plekup
k. Directed Call Pickup

wn - In-Call Asterisk BEnd Transfer
*1 - In-Call Asterisk Togghe Call Recording
*12 - User Logoff

888 - ZapBarge

*79- DND Desttivate

*21 - Findme Follow Toggle

*43 - Echo Test

*50 - Speaking Clock

*54 - User Intercom Allav.

*B8 - Park to your Assigned Lot
=294 - Edit Recording: subhot

* - Direct Bial Prefix

& Print

Apply Config



6. Settings
Settings

For more setting on a particular Module, select the Module from the list below.

¢ Manage Users
e Music On Hold

e SIP Settings

¢ Voicemail Admin

146



6.1. Manage Users

Manage Users

This Module is the Application Program Interface for/to the User Manager and
allows for external systems to connect via TCP/IP to issue commands and
readevents. Common examples of usage include Dialers, CRM, Management

Console and so on.

Go to Settings -> Manage Users

m & Dashboard % Admin [t Applications {9 Connecthity 15 Reports 5 Settings Apply Config
o, T

IPPBX Sty MLsie on Hald

B Users Ooln D Usess OMia Liew Cats
EIP Setiings "

System Overview

Welcome to IPPBX
1PPRX 13.0.192.19 'IPPEX'

{¥ou can changs rhig name in Advanced Sedfings) Valcemail Admin

Summary
Astefidk +
MysaL -

Wb Server +

Uptime

System Last Rebooted

1#PE ago

Load Averages
oy (1.1 oM
1 Miaice $ Minafer 15 Mingdes

On click Manage Users following screen will appear. Here you can add Manager by

clicking on Add Manager button.

Manage Users

Mame Deny Permit Actions

Mo matching regards found

General
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On click Add Manager following screen will appear.

@& Dashboard 5% Adiiin M AppEcations Connecthvity s [ Settings Apply Config

Manage Users

Add Manager

WLk Managars

GEMERAL PERMISSIONS

Manager name (2

Manager secret (2

liealty Weal
Deny &) 0.0.00/0.0.0.0

Permit- < 127.0.0.1/255.255.255.0

Write Timeout C)

100 miliseconds

Manager Name

Name of the Manager account. No spaces are allowed.

Manager Secret

Password for the Manager.

Deny
Here you define an IP Address/Subnet Mask Deny statement. If you wish to add
more than one network, use the “&” character as a separator. i.e.

192.168.0.0/255.255.0.0&10.0.10.0/255.255.255.0

Permit

Here you define an IP Address/Subnet Mask Permit statement. You may define

more than one network or device as with the Deny statement.

Write Timeout

Sets the timeout used by Asterisk when writing data to the AMI connection for this

user
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Permission

You may assign various read/write permissions to each Manager.

Manage Users

Add Mana

GENERAL

ger

PERMISSIONS I

Permission

system

call

log

verbose

command

agent

wrger

config

dimf

reporting

cdr

diaiplan

ariginate

Toggle All
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6.2. Music on Hold

Music on Hold

The Music on Hold Module is used to upload audio files to your PBX from your web
browser and to divide the files into various Music on Hold Categories. You can select
which category to use for particular calls in the Inbound Routes, Outbound Routes, Ring

Groups, and Queues Modules.

Go to Settings -> Music on Hold

[ Ackmin

&

System Overview ]PPBKF
Welcome to IPPBX @ useis Onin © Users Offin

13019219 "IPPBX"
et thiz name in Advanced Settings)

SIP Settings

f¥our e ¢ Valcemall Admin

Summary Syslnfa updated IPPBX se<onds ago

Asterisk '
= s
MysoL o Crit
Wb Server . -
]
Uptime =

System Last Rebooted

LR 090
Load Averages

L F Mawites 15 Mt

On click Music on Hold following windows will appear. Click on Add Category button.

For edit the default category please click on Edit icon.

[ Settings Apply Config

On Hold Music

Category Type Actions
default files Fa

Showing 1 to 1 of 1 rows

Music on Hold module is intended to reassure callers that they are still connected to

their calls. The PBX comes with 11 built in songs that are the default hold music. You
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can easily add your own music or sound files to the system by uploading them in .wav
or .mp3 format, or stream a live feed. Adding custom music on hold is a great way to
bring personality to your phone system. The PBX allows two styles of music on hold —
static files and streaming. Static files are audio files (WAV or MP3 files) that are
uploaded to the server and played back when a caller is placed on hold. Streaming
audio is used to connect to a live audio feed from a particular source. This could be an
Internet stream, or a stream from a sound card or other audio device. MoH categories
can be applied to inbound routes as well as to queues, ring groups, outbound routes
and conferences. Categories assigned at the call level will override the MOH category
for that target only. Once a call leaves that target, it will fall back into the category

specified in the inbound route it was matched against.

Adding Music Categories

The PBX has one category, which is “default.” You can create additional categories by

clicking on the “Add Music Category” in the top right hand side of the screen.

Category Name

Enter a category name, then submit changes to save your new category.

e 2 . o
m @ Dashboard [ Ackminy 9 AppEcations [5) Connectivity D Reparts [ Settings Apply Config | m || o |

On Hold Music

Category Name (ASCII Only) )

Type @

E3E3
Edit the Default Category

For editing the default category if you want, click on Pencil Edit icon.
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@ Dashboard  [Dadmin  MAppcations [N Connecthvity D Report [ Settings Apply Config

On Hold Music

category Type Actions

default files

Showing 1 to 1 of 1 rows

Edit the section as per your wish and click submit button.

On Hold Music - default

.Type 1)

Files *

Enable Random Blay & m

Upload Recording &)

Drop Multiple Files or Archives Here

Convert Uplead/Files To & - g; 1
sinés ulaw way

File Formats Flay Action
macraform-cold_day Wy [ 00:00 o a
macrefarm-robat_dity it O 000 00:00 o3 a
racraformethe,_simpicity L B 00 00:00 i o
rhanola_camp-morming_coffes vy B 000 0000 «f i
reno, project-system e [ e IR o000 43 ©

152



6.3. SIP Settings
SIP Settings

The SIP Settings Module is used to configure the default settings used for SIP

calls. Since most VOIP calls are sent using SIP, these settings can be very important to
the operation of your PBX. Because this module sets the default settings, most of these
settings can be overriden for a particular extension in the Extensions Module or for a

particular trunk in the Trunks Module.

Go to Settings -> SIP Settings

!Egﬁ () Dachbaard (% Ackmin [ Applications (5 Connectivity Mrcports | [ Settings Apply Config

Manager Users

=
IPPBX 5t Music on Hold -

System Overview

& Ustrs Onin © Users OF Caty
Welcome to IPPBX s
AR TR ISE1T ‘IPPBX"
I¥ou can change this nam 1Advanced Selrngs) ®
Summary Sysinfo updated IPPEX seconds ago [
Asterksk o o
o Criticad Errors found
- -
]
Uptime

System Last Rebooted

PREX 8g0
Load Averages

F Manutes 15 Mavres

On click SIP Setting following screen will appear.
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Apply Config

SIP Settings

@ 5IP driver information =

I GENERAL SIP SETTINGS I CHAN SIP SETTINGS CHAN PISIP SETTINGS
=Security Settings
Allow Anonymous Inbound SIP Calls (2 Yes No

Default TLS Port Assignment & Chan Sip Bisip

=NAT Settings

Wing s appiy to bisth cha P and chan_pisip,

External Address (1

Local Networks ()

Add Local Network Field

Detect Network Settings
!

=RTP Settings
RTP Port Ranges & Start: 10000
End: 20000
RTP Checksums () Yes Ne
strict RTP (3 ves | Neo
STUN Server Address (2}
TURN Server Address ()
TURN Server Username )
TURN Server Password (5
=WebRTC Settings
STUN Strver Address ()
TURN Server Address ©)
TURN Server Username (2
TURN Server Password ()
=Audio Codecs
Codecs
@ Helpful Information -
B
| - [
-
g7iE
B2
B one
gn3
speek
Frand
adpern
sk
o]
3
Tpc0
cestiny
none
di
opus

ATE et



General SIP Settings

Allow Anonymous inbound SIP Calls

Allowing Inbound Anonymous SIP calls means that you will allow any call coming in
from an unknown IP source to be directed to the 'from-pstn' side of your dialplan. This is
where inbound calls come in. Although FreePBX severely restricts access to the internal
dialplan, allowing Anonymous SIP calls does introduce additional security risks. If you
allow SIP URI dialling to your PBX or use services like ENUM, you will be required to
set this to Yes for Inbound traffic to work. This is NOT an Asterisk sip.conf setting, it is
used in the dialplan in conjunction with the Default Context. If that context is changed to
something custom, this setting may be rendered useless as well as if 'Allow SIP Guests'
is set to no.

NAT Setting

This setting is used to indicate whether the other systems you connect with are behind a
router that provides Network Address Translation ("NAT"). If is it set to "Yes," Asterisk
will ignore the from address specified by the remote system and instead send response
packets to the address that the packets actually came from. In most cases, it is safe to

set this to "Yes."

This setting is overriden on a per extension basis using the NAT field (which defaults to
"No" for extensions) and can be overriden on a per trunk basis by including "nat="in the
Trunks' PEER details. Contrary to popular belief, this setting is NOT used to indicate
whether your system is behind a NAT.

IP Configuration: This field is used to tell Asterisk whether your PBX has public IP or
is behind a NAT router.

If your system has its own public IP address, select "Public IP."

If your system is behind a router that provides "NAT," and your router has a static (non-
changing) IP address assigned by your ISP, then select "Static IP." Then fill-in the
"External IP" field with your Static IP address and the Local Networks field with the
IP/Subnet of all of your internal networks.

Local Networks
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Local network settings in the form of “ip/mask” such as, “192.168.1.0/255.255.255.0.”
For networks with more than one LAN subnet, such as VPN network, us the “Add Local

Network” button to add more fields. Blank fields will be removed upon submitting.

RTP Settings
RTP Ranges

The start and end ports for UDP RTP traffic. Default 10000-20000. You should have at

least 4 ports per potential call.

RTP Checksums

Weather or not to enable UDP checksums for RDP traffic

Strict RTP

This will drop RTP packets that do not come from the source of the RTP stream. It is

unusual to turn this off.

Codecs: Most SIP calls in North America are sent using the ULAW Codec. Some
parts of the world use ALAW. If you want to enable "High Definition" audio, you'll also
want to enable G722. If you want a low bandwidth Codec, you can enable

GSM. Again, bear in mind that these are the defaults. Because most Trunk providers
will override these settings in their PEER details with a disallow=all and then an
allow=(whatever codecs they allow), the Codecs you specify here will generally only

affect internal calls. The defaults are usually fine.

Save

Click Submit to save
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6.4. Voicemail Admin

Voicemail Admin

The "Voicemail Admin " allows you to make changes to the default voicemail settings

used by the system, and to make changes to voicemail settings for each individual user.

It also allows you to view statistics about the voicemail system on a global or per user

basis, and to delete files relating to voicemail on a global or per user basis.

It also allows you to define timezone definitions for use by the voicemail system.

Go to Settings -> Voicemail Admin

e . .
M“i & Dashboard [ Admin (5t Applications [ Conpectivity 9 Riepuorts [ Settings

Manager Users

System Overview IPPBX St - i o
Music on Held
@ Usars Orin O Usess O bt Ca
Welcome to IPPBX uldf — SIP Settings -y

IFPEX 13.0.192.10 'IPPEX"
)

{¥ou can change rhig nan dhvanced Sedtings)

Summary sysinfo updoted [PPEX secands ago [}
Asserik +
MysaL = ritical Erroes found
Wab Server -
°
Uptime

System Last Rebooted

e ago

Load A\-nraqu
B4
T At S Mitufes

On click Voicemail Admin Following screen will appear.
Usage

Here you can set Voicemail as per given settings option.
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Voicemail

USAGE SETTINGS DIALPLAN BEHAVIOR TIMEZONE DEFINITIONS Adore Testing 100+ (disablad) ]

Manjeer <102 [disabiled)

1001 <T007> (disabled)

Number of Accounts Storage Usage
1008 <1008> (dinabled)
Activated ] 40015 {di
Frva Disk space currently in-use by Voicemal data AU A0V [ Sin )
Unacthvated L] Five theunand <5000 [diabled]
Drisabled 9 Total Nan Manfet <5015 [dizabied)
Toual it .

saeem <3555+ (dinabled)
1202 <131 [dinabled)
45454 45454 [dipabled)
General Usage

52526 <5255 [dipabled)

$E50% <5H565> [dizabled) -
Warning: the actions below are global and will affect ALL users.

Number of Messages (0

Messages in inboxes L]
Messages in other folders 0
Total L]

Recorded Names ) Total o
Delete: Yes No

Unavallable Greetings ) Yotal o

Busy Greetings ) Total 1
Temporary Greetings (0 Total %
Delfete: 3 o
i
Abandoned Greetings ) Total o

Delete:; Yes No

EIES
Settings

These settings are for advanced use cases. In most cases, the defaults will work. These

should not be touched unless you know what you are doing.

158



Apply Config

Voicemail
USAGE DIALPLAN BEHAVIOR TIMEZONE DEFINITIONS Adete Tasting 100> (dissbled] i
Manjees <102 (dinabled]
GENERAL EMAIL CONFIG LIMITS ODBC STORAGE IMAP STORAGE SOUND FILES *

1001 <1000 > [disabiled)

Character Set &)

Chia 00K <1008 [digabled)
Max Number of Deleted R el
e 5 capi» [diga
& Five thousand <5000 {dissbied]
External Motify ()
Manjees «200%> |divabled]
External Password & i
racemn <5555> [disabled)
External Password Notify
- 2T <A 2is [disabied)
&
External Password 45454 454545 [diyabied)
Verification Script
i) 83535 <5FSS> [disabied)
FOk Eorman ) 58865 <54555> [disabled] =
Fast-Foward Keys ()
Reverse Keys (2
Pause Keys (&
Restart Keys (2
Stop Keys (3
Velume Gain )
Say Duration Minutes (2
Poll Frequency 10

Poll Mallboxes &

-
]

Envelope Playback (2
Force Mame (2
Force Greetings ©)

Operator (3

L

Review Message

-
IE

=

g

saycio @

Say Duration (&

4

Search Contexts

-
R
a

Send Voicemall 2

Temporary Greeting Warn

®
Use Directory ()

Hide From Directory &
Move Heard (=)

Enable SMDI notification
@
SMDI Port )

ADSI feature descriptor

ADSI Security Lock Code ()

EEEEE
Dialplan Behavior

These settings are for advanced use cases. In most cases the defaults will work. These

should not be touched unless you know what you are doing.
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General Dialplan Settings
Disable Standard Prompt

Yes/No - Whether to disable the standard voicemail instructions that follow the user-
recorded message. These standard instructions tell the caller to leave a message after

the beep. This can be individually controlled for users who have VMX locater enabled.

Direct Dial Mode

Unavailable/Busy/No Message - Whether to play the busy message, the unavailable

message, or no message when direct dialing voicemail.

Voicemail Recording Gain

The amount of gain to amplify a voicemail message when being recorded. You may
need to increase this if users are complaining about messages on your system being
hard to hear, which is often caused by very quiet analog lines. The gain is in Decibels,

which doubles the volume for every 3 db.

Operator Extension

Default number to dial when a voicemail user "zeros out" (if enabled) - in other words,
the user will be sent to this destination when they press "0" from within the voicemail
system. This destination can be any number, including an external number. There is NO
VALIDATION, so it should be tested after configuration. Note: This default will be
overridden by any VMX Locater "0" option you set for an extension. The VMX Locater

option is used even when VMX Locater is not enabled.

Advanced VmX Locater Settings

Msg Timeout

Time to wait after message has played to timeout and/or repeat the message if no entry
pressed. Default = 2 seconds.

Times to Play Message

Number of times to play the recorded message if the caller does not press any options
and it times out. One attempt means we won't repeat it, and it will be treated as a

timeout. A timeout would be the normal behavior. It is fairly common to leave this at
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zero and play a message telling callers to press an option, letting them know that they

will otherwise go to voicemail.

Error Re-tries

Number of times to play invalid options and repeat the message upon receiving an

undefined option. One retry means it will repeat at one time after the intial failure.

Disable Standard Prompt after Max Loops

If the Max Loops are reached and the call goes to voicemail, setting this to Yes will
disable the standard voicemail prompt that follows the user's recorded greeting. This
default can be overriden with a unique ..vmx/vmxopts/loops AstDB entry for the given

mode (busy/unavail) and user.

Disable Standard Prompt on ‘dovm' Extension

If the special advanced extension of 'dovm' is used, setting this to Yes will disable the
standard voicemail prompt prompt that follows the user's recorded greeting. This default
can be overridden with a unique ..vmx/vmxopts/dovm AstDB entry for the given mode
(busy/unavail) and user.

5 Connecthity ) Repans 3 Senings

Voicemail

USAGE SETTINGS DIALPLAN BEHAVIOR TIMEZOME DEFINITIONS Adors Testing <100 {disalrled]

Manject <102 (dizabled]

i -_General Dialplan Settings

Disable Standard Prompt () m

1081 <1001 [dizabled)

1 1 T 100 <1008= (dizablod)
Direct Dial Mode (2 Unavailable Busy No M
Voicemail Recording Galn None 3db sdt sdb 1248 15db 4001 <4001 [dizabled)

. Five thousand <5000 {divabled}
Qperator Extension 0

Manjeee <5001> {disabled]

=Advanced VmX Locater Settings

rasem <5555 (disahied)
Msg Timeout (2

2 Secondls)
12021 41212%> (disabied)

Times to Play Message

1 Attempt(s) 5454 484585 [dinabied]
Error Re-tries () rri

1 Ratries £2526 4525 28x (dissbled)
Disable Standard Prompt m 5E56S 156555 (dlzatled)
after Max Loops
®
Disable Standard Prompt m m m
on ‘dovm’ Extension

Timezone Definations
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These settings are for advanced use cases. In most cases the defaults will work. These

should not be touched unless you know what you are doing.

New Name

Descriptive name for time zone definition

New Timezone Definition
Time announcement for message playback.

Timezone definition format is: timezone|values
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7. UCP (User Control Panel)
UCP (User Control Panel)

User Control Panel (UCP) is a replacement for the aging ARl module in PBX. It
currently has the following modules/sections.

e Call History

e Call Events Logs
e Contact

e Presence

e Endpoint Settings
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7.1. Call History
Call History

The Call History section allows you to see all inbound and outbound calls for your

user and listen to any call recordings that are associated with that call.

Click on Call History

SN

@ Dashboard | (Dcall History  [Dcall Eventlogs [(PContacts [PPresence (I Endpoint Settings

Welcome to User Control Panel

In our example we can see my user is setup to to view numerous extensions as
defined in the User Management module. When clicking on Call History | pick which

extension | want to view calls for.

Once we pick a extension we can now see our recent call history.
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a1 Dashboard M call History (D Call EventLlogs [P Contacts [DPresence B Endpoint Settings

e @ m- | &~

Date + Description Duration Playback Controls
11f16/2017 Z:54:37am Unknown (1510781077.76010) 7sec
11/16/2017 2:51:53am Unknown (1510780513.75891) 7 5ec

Showing 1 1o 10 of 10 rows

For each Call record we have the following

Date- Date and Time call was received or placed.

Description-For each call we have the following icons under the Description
Duration- Length of call in Hours- Minutes-Seconds

Controls- If the call has a Call Recording associated with it you will get a play and

download icon for the Call Recording.

You can search for any call by using the Search bar at the top and putting in the

number of the person you called or who called you and pressing GO
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7.2. Call Events Logs

Call Events Logs

The Call Events widget allows you to see all inbound and outbound calls for your

user and listen to any call recordings that are associated with that call. The User

Management Module controls which call events a user will be able to add as a

widget in UCP.

Click On Call Events Logs

SN

Date

11/15/2017 4;24:51pm
11/15/2017 &:24:37pm
111502017 4:2206pm

11/15/2017 £:21:53pm

Showing 1 1o 4 of 4 rows
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@ Dashboard  [Dcall History [DcallEventlogs [(PContacts [PPresence (I Endpoint Settings

Welcome to User Control Panel

@ Dashboard  [Bcall History [DCall Eventlogs [DContacts [PPresence  (Endpoint Settings

v Caller
123456749 <123456789>
ASECES <456585
123455780 <12345678%>

456585 <256585

Dialed
456085
123456789
456985

123455789

Duration
0 seconds
1 seconds
0 seconds

B seconds

Playback

R |
- =

Controls




For each Call record we have the following
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Date: Date and Time call was received or placed.

Caller: Who was called

Dialed: Who dialed

Duration: Length of call in Hours- Minutes-Seconds

Playback: If the call has a Call Recording associated with it you will be able to
listen to the recording in your browser

Controls: If the call has a Call Recording associated with it you will get a

download icon for the Call Recording.



7.3. Contact

Contacts

The Contacts widget allows you to see and create contacts that can be used in other
widgets in UCP, Phone Apps and for speed dials.. The User Management Module

controls which contact groups a user will be able to see in this widget.

Click on Contacts

SN

@ Dashboard  [Dcall History (PcallEventlog: [Mcontacts [Ppresence (P Endpoint Settings

Welcome to User Control Panel

On click Contacts following screen will appear. For adding group click on Add

Group button.

T
Aﬂam @ Dashboard  (Pcall History [(DCall Eventlogs [(PContacts [(Ppresence (9 Endpoint Settings
el
(<]
(1] Display Name “  First Name Last Mame Title Company

Patrick Patrick Shawn M, Adore Infotech

Showing 1101 of Trows

On click Add Group following screen will appear, here you can add group as per

your wish.
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Ci Dashboard  [SiCall History [ Call Eventlogs [T Contacts

M pPresence  [MEndpaint Settings

Group Mame
Addd Groups
PR %) Office
Offices u
Famdy o

After adding Group you can add contact under your created groups and also you

can delete contact which you can added.

i Dashboard [ Call History, [iCall Eventlogs [fiContacts [PPresence [P Endpoint Settings

My Cantacts [1] v
= + Add New Contact  [IRCEE TR e T Sparch o T RE - B
Add Group +
empiogee (4]
Offces (1] Display Name *  First Name Last Name Title company
No matching records found
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7.4. Presence

Presence

Presence state allows users to set different statuses for themselves depending on
what they are currently doing. In UCP there are two places to add presence

functionality. Through a widget or through the global side bar functionality.

Presence allows you to control how the PBX interacts with you as a user.

Presence gives the system and other users in your organization a generalized

status so they may respond accordingly.

Click on Presence

Adre @ Dashboord (D call istory  (PCallEventlogs [PContacts [DPresance (D Endpoint Settings
b —

Welcome to User Control Panel

On click Presence following screen will appear.

These are managed by the PBX administrator using the Presence State Module
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( Amre fal Dashboard  [ficall History [DCall Eventlogs [MContacts [PPresence [§Endpoint Settings

Presence State Settings
On UCP Login Set Status to:

Available ¥

On Browser Close or UCP Logout Set Status to:

Do Net Changi

Define Actions on A Status Change:
Avalilable:

Do Mot Bisturb "

Chat:

Findme/Follow Me

Away:

Do Nothing

DD

Co Mok Disturb ”

Extended Away:

Findme/Fallow Me

Unavailable:

Findme/Follaw Me

What are the state types?

# Available

Means you are Available and around and able to take calls or chat.

# Chat

Usually means you prefer to be contacted by chat only and not a phone call.

# Away
Means you are away usually for a short period of time such as at lunch or in a

meeting.
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# DND

"l am busy, do not bother me" - such as in a meeting.

# Extended Away

Usually used when gone for long periods of time such as vacation or business

meeting.

# Unavailable

Means you generally won't show as online in a chat client.
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7.5. Endpoint Settings

Endpoint Settings

Click on Endpoint Settings

&l’&" o Dashboard  [call History [DCall EventLogs [RContacts [PPresence  [§1Endpoint Settings

Welcome to User Control Panel

Here User can set following things :
* Find Me/Follow Me
* VmX Locator

* Call Forwarding
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esind Me/Follow Me

Enable &

Follow Me List @
45685

Ring 456985 First For @

7 Seconds

Ring Followme List For @

20 Seconds

Use Confirmation @
OFF
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G Dashboard B call History  [(RCall EventLogs [P Contacts D Presence [ Endpoint

avmx Lacator

Enable &

Use When @

Unavailable Busy Temp

Press 0@

gt ator

Press 19

Siend to Folow. e

Press2@

Do Not Disturb

Enable ©

ecall Forwarding

CallfForward Ringtimer @

Default ol

ditional @

Unavailable &

Busy @

call Waiting

Enable @

on Bl

Setting



7.6. User Settings

User Settings

Here User can set own preferred settings as per own wish.

User Settings can be found in the Top Right hand corner of UCP (User Control
Panel). Look for a gear icon, click on that than appear a option User Settings click

on that.

GrDashboard  [RCall History [DCall EventLlogs [MContacts [PPresence (1 Endpoint Settings

User Settings
Logout

Welcome to User Control Panel

On click User Settings following screen will appear.
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@I Dashboard  [R1Call History (DCall EventLlogs [PContacts [MPresence [MEndpoint Settings

User Control Panel

ACCount Settings User Detalls Interface Settings
Display Name (2} Language ()
Al fiefds update when unfocrsed (selecting anothes
455585 Engiish (US) b
- Emall {3 Altow Desktop Notifications (2
Username (2
OFF
456585
First Name (3 Contack1ma
Password e
Password () Oreg. 8 napve Browse
image here
Last Name &)
...... J Use Gravatar
Confirm Password ()
Title &

......

Update Password =
Company (2

Cell Phone (&
Waork Phona (@
Home Phone ()

Fan®

Account Settings

Account Settings is the first tab. The options in here relate directly to your user.
Some of these options may not be visible to you depending on your Admin

configuration.
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Account Settings

Username ®

456885

Password

Password &)

confirm Password @)

Update Password

e Username: The Username of your account. You can change it here if you

wish (you will be forced to logout)

e Password: The new password of your account. You can change it here but

will need to reenter your password in the confirm box

e Confirm Password: The confirm password input. Used to validate you did

not mistype your password

e Update Password: Click this button to update your password based on new

input from Password and Confirm Password

User Details

User details is the second tab. This tab contains all of the details about the currently

logged in user on the system
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User Details

Display Name &

456985

Email ®

First Name ®

Last Name ®

Title &)

Company ®

cell Phone

Work Phone ()

Home Phone &)

Fax®

e Display Name: Alias/Name used in services such as Chat
e Email: Email address used for resetting the password

e First Name: The user's first name
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e Last Name: The user's last name

e Title: The user's title
Interface Settings

The last tab is the Interface Settings tab.

Language: Select the language you'd like UCP to work in. Not all languages are fully

translated. To help participate in translations see Translating IPPBX

Avatar: The user's avatar
You can drag and drop an avatar here or click the "Use Gravatar" function
which will use the email address provided above to lookup an avatar from

the Gravatar network

Interface Settings
Language &

English (US) i

Allow Desktop Notifications )

(Tom)

Contact Image

Drop a new Brawse
image here

I Use Gravatar
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