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I ntroduction to Vol P on the edgeBOX

VolIP (Voice over Internet Protocol) is handled by an open source package called Asterisk. The
edgeBOX allowsfor most if not all and perhaps more functionality provided by asterisk through
its revolutionary GUI (Graphic User Interface). We will in the following HowTo go over what
kinds of calls exist in detail and how to do what in traditional PBXs could take days if not
weeks to configure.

Types of extensions

There are two kinds of extension numbers. One that is created in the NAC which will have a
user directly associated with it. Secondly you may create an extension with out having a user
associated. This second way of creating an extension isfar more powerful. It allows the admin
to specify if the phone will be analogue, digital, or Vol P; if VolP you may choose sip or aix2,
and set more settings like codecs and security settings.

Creating extensions

M ethod 1:
Log into the edgeBOX administration GUI click on 'NAC' and then 'New'

Username of the user also used

—for phonesto loginto the
edgeBOX
New User

Username: |testing |
First Mame: |Test |
I T hisiswhere you activate VoI P for
Last Mame: |accoum I la user
Thisisthe numerical extension you
Password: |"'""" ! must create in order for phonesto
Confirm Passward: |uuuuo | receive calls.
Accesses Thisisthe extension Password that
Regular Services[ | Wireless Security[w] AolP allows phonesto register with.
[ PFTF [[] Windows use
VoIP Thismust be a unique PIN number
(o

igned to each user to authenticate
to make outgoing calls

Extension Mumber:

Extension Password: ID
T hismust be a unique PIN number
Authentication Pin: | lassigned to each user to authenticate
Permissions: |M0bi|e calls V/‘/ to make outgoing calls
Ok || Cancel |

Method 2:
Log into the edgeBOX administration GUI click on VolP & IP-PBX" and then 'New'



Here iswhere you can activate
voicemail here.

Thisisafour digit number to
@llow accessto voicemail.

IYou must configure an email

thereisan voicemail

T hisiswhere you can configure

before voicemail picks up.

'You can activate NAT support
here. you should use thisiif the
phoneisnot goingto be on an[—]
ledgeBOX network.

Keep aliveisafeature that
improves availability,
howevere many |P phones do
not support it.

The DTMF tone types
supported by the edgeBOX arel |
inband, info, and rfc2833

T he IP phones can have
dynamic |P addresses or static.| |

address that can be notified when ||

. ) Voicemail Timeout: “
how long the phone will ring LT -

Mat: |
L || Keep Alive: |
Can Reinvite: [
—
DTME: rfc2833 -

&) New Phone 3

'You can choose if the Phoneis

Extension Config

0l P, analogue, or ISDN here.

Here you can choose what VolP

Phone Info

i VolP

Protocol: SIP b
Extension Mame: |test2

~

Extension Mumber: | 1002

protocol the phone will use. SP
or AlX2

Username of the user also used for|

Password:

|

Publish Extension:

phonesto loginto the edgeBOX

Thisisthe extension Password

Active Voicemail:

VoiceMail

that allows phonesto register

ith
IYou can chooseto have the
edgeBOX list thisextension as
Published which will allow outside

Voicemail Fin:

.

|test2@domain.com| |

Email Address:

K Basic}fﬂdvanced}f Codecsf

New Phone

Extension Config

Mol P callersto reach this
extension eadly.

IYou can change the Caller ID
name that appearson the

Advanced Phone Config

Caller IC: |test2|

Caller ID Mumber: |10E|2

destination handset here.

Just like the Caller ID Name you

can also change the number.

Can reinvite should only be
activated for phonesthat are on

Authentication:

Host:

the edgeBOX LAN to reduce the
load placed on the edgeBOX.

'You can have plain text or MD5
authentication if the phone

/Default IP: [l

Basic Ad\ranced)f Codecs}f

supportsit.




T he edgeBOX supportsall these
codecs, Please keep in mind that
the phone must also have
support for the codec in order to
use it. Also the G.729 codec is
not free and a license must be

'You can get more information
on chooseing codecs from
www.voip-info.org.

purchased from Digium. .

Types of calls

New Phone

Extension Config
Codec Config
Audio Codecs
[ Gsm
G.711u
C.71la
[1G.726
G729
[] Speex
[]iLBC
[[] Dialogic ADPCM

Video Codecs
[JH261
H263
H263p

Basic .I Advanced Codecs}f

| —

[T he edgeBOX also supportsthese
video codecsfor video calls.

'You can get more information on
chooseing codecs from
www.voip-info.org.

There are two types of callsincoming and outgoing. Each very manageable. For example
incoming calls are divided into two groups

1internal
2 externd

Incoming Calls

Internal calls are calls from atrusted source (you define what is trusted). These callscan goto a
specific extension or leave the egdeBOX through some outgoing line.

External incoming callsend up in an IVR due to some rule or route you have configured for that

specific source.

Outgoing Calls

Outgoing calls are more configurable than ever with the edgeBOX. Besides being able to make
outgoing calls viaanaogue, ISDN, E1 or T1 interfaces, or/and VoI P you now can define groups
of users and devices that can interact.


http://www.voip-info.org/
http://www.voip-info.org/

The LCR (Least Cost Routing) system allows you to configure the outgoing calls any way the
administrator likes. In conjunction with VolP Access Groupsit allows the IP-PBX systemto
allow some usersto have their calls routed via one route while other take a different route even
though they dialed the exact same number. The Access Groups allow you to group users with
devices which means that alowly employee whose business does not require that international
calls for example be made at specific time, the edgeBOX can be configured to disallow
international to these users at times, and alow others constant calling capabilities.



Registering Phones on the edgeBOX

VolIP accounts allow for many SIP or IAX2 compliant applications and phones to register on the
edgeBOX in order to place calls. Wewill go over both a softphone and a hardware phone's
configuration. | will also discuss where on a network these clients can be placed. We will
discuss three common places the edgeBOXes LAN, EWAN, and WAN.

Places on the network

The ewan by default has
a 192.168.200.254 |IF
address.

This connection The LAN by default has a

normally has a 192 168.100.254 IP
public |P address.
address,

In general al clients connected directly to the LAN, EWAN, or WAN will function right away.
If however a phone is connected to a different network say a private network on the Internet,
you will have to enable NAT.



Soft Phone configuration

Wewill start with configuration of a soft phone on the LAN of the edgeBOX using X-Lite a
free ware Soft phone. Keep in mind that you may use any standard SIP or lAX2 compliant soft
phone or Vol P phone.

Click on SP Account Settings

Opkions. ..
= SIP Accounk Settings. ..
N HE
s s A-Liie _ Frivacy Rules...
T | MO il i 2

Open Diagnostic Log
Open Diagnostic Folder

Help
about, .,

Exik

_
Enahled Diomain SErname Display Name Add... |
-

Click on Add. Properties... |
IMake Default |

Ix

Close

:

Properties of Accountl ﬂ

Accourt |V0icemail| Topologyl Presencel Advancedl

~User Details
Display Mame I criticaltest
User name: I criticalcest
Password I sene

Buthaorization user name I criticaltest

Darmain I 192.168.100.254

r~ Darmain Proxy
¥ Reqgister with domain and receive incoming calls

Send outbound via:
7 domain
 prosy Address I

% target domain

Dialing plan I #11a\a.T;makch=1;prestrip=2;

QK I Cancel Apply




VoIP Phone configuration

The configuration of aVolP phoneis generally the same; there are really only three fields we
should be concerned about. They are highlighted in the screen shot below. NOTE: The names of

the fields are dightly different. In most cases you need only point your browser to the IP
address of the Phone to configure the settings.

(i |0 hepinazass 200116

|'| [:P] "|GDDg|E

J Portablespps.com @ Get Support: EJ Portable Apps E,', Portable &pps Mews | ) Personal | ) Wark | ) research

Metwrorl Settings
iptype [dhep -] prp id PPP pin
loealip (192168200116 submet mask |255.255.255.0 router ip {192.168.200.254
dns 192,168,200 254 dns2 jo.ooo Hac |00-09-45-52-64-02
Audio Settings
codec] for2a -] codec2 | 7231 | codec3 | a711u =]
codecd I g 11a ;I codecs I g&Mm ;I cadecd I rudll ;I
vad r age [ aec 4
andio frames |2 jitter size [i £.723.1 high rate i
Fhone Settings
use dialplan | dizable = dial ruvber | 444 code |‘| i}
1dd code IBE 1dd prefix ||:||:| ddd prefix ||:|
irmer line | dizable =] |inmerline prefix [i call waiting r
forwrard mumber | 32378009 fird poweroff - frd noanswer r
fiord abwrays r ford busy r anser 30
use digitmap r handset in(0-15) |7 handset out(0-31) B
ringtype | | dimf | speaker cut(0-31) 31 speker in(0-15) [i
=IF Protocol Settings
s servite ™ registar ttl IEI:I
service type | [common  w| | sippromy 192165200254 domainfrealm [192.168.200.254
nat traversal | | disable ~ | nat addr nat 1 |20
prhone mimber |bestewan aroomnt testeman pin 1234
register port [Eaea rtp port 10000 tp tos |0
calltype | [nomal -] dtmf [rfcz8:3 =] dtenf payload [T
super password [12345679 debug | disable =]
Oither Sethings
— 221 upgrade type [[disable =l vrede st |
sutp ip noon use daylight |
timezone | [GMT)Dublin,E dinburgh, Londan,Lisbon =

Save Settings I

Address Book |

pgrade Firrmware I




Incoming Calls
Incoming calls will go to one of two areas the VR (interactive voice response) or the internal
phone system.

Internal

Theinternal phone system handles calls between extensions and directly to extensions from
trusted lines. Wewill discuss trusted lines later in this document, when we configure outgoing
lines (both software and hardware).

Below we see the administration of each extension created as an account or for PBX features
(queues, Hunt groups, fax numbers, ext...).

ou can find the Here are the actions triggered when the edgeBOX receivesthg
list of _ numbers of the extension.

extensions

here.

Service State; RUNNING

Pﬁunes Incoming Calls r()uthuur;/d Calls rPBX Features r Hardware rGenel'ic |

T . -
Internal Extensions Editor IVR Editor
Internal

internal_extensions ‘|- Actions Tree IE' Call Rules
[ lafter Press: 1001 ‘| B3 Actions
: ) DID Routes
2107 % @ Dial 5P ftest
D After Press: 101 : @ DID Ranges

Voicemail 1001
Sound Manager

\ | Remove Action
L(ou may add and remove actions when an extension istriggered here. For example you
can add a greeting prior dialing an account.

Add Action

Possible actions:

Dial: Dials an extension that can be configured.

Dial Out: Thisdials anumber outside of the edgeBOXes IPPBX

Goto: Sends a call to another context.

Hangup: This action hangs up the call.

Voicemail: Sends the call to the voicemail box of your choice.

Queue: Sends acall to an existing queue.

Meet Me: Adds the call to a conference. You may choose any static conference previously
configured in the system.

Hunt Group: Sends the call to an existing hunt group.

Answer: Answers the call.

Background: Plays the sound files configured in the background this allows for the caller to



make choices as heislistening to the options.

Playback: Thiswill play the sound files configured, but the caller has to wait until the files have
stopped playing before making choices

Wait: Tellsthe IVR system to way a configurable amount of time before moving onto the next
action.

The IVR

ThelVR isareservoir for calls coming from outside the edgeBOX that are not trusted. You
can access the IVR viathe window below. The IVR is organized by contexts Distinguished by
the “green arrow” all other icons represent actions belonging to contexts.

Noticethat in the IVR menu you have two kinds of triggersthe 'On Sart'
condition isan incoming call and the 'On Timeout' condition iswhat the IVR
should do when it does not receive aresponse from the caller. you can also add
'On Invalid and 'After Press triggersto perform the actionson the right.

Trigger Conditions There are four triggers you can use to set off one of the actions below.
After Press: After the caller presses a specific number.

On start: After this context starts.

On timeout: After a given timeout has been reached.

Invalid Entry: If the caller enters an invalid number.

Service S5tate: RUNNING

Phones | Incoming Calls |/0uthhund Calls rPBX Features r Hardware rGeneril: |

IVR Context Editor RRERES
: ) ; Internal
wrlTree Acti Il]S Tree E Call Rules
i - . 1 DID Routes

O : ' . IYou can actionsto each of th& toheitibns B Rslefres

D On Timaout: it ongder them as you would like the actfanspbididnager

are similar to the onesyou can usein ‘8.1 Internal’.

Remove Action |

Add Action ‘ Ok H Cancel

Call Rules

Cadll Rules allow you to schedul e different behavior on non-trusted incomming calls depending
on the time.

You can add rules by clicking on 'Add Rul€e'.

'You may schedule the rule for what ever time you
may want. Be aware however that the schedule

ﬁstartsat midnight and ends at 23:59.

——— [T he actions portion of the this screen work exactly

likethe IVR and Internal Actionstree.




DID Routes and DID Ranges

DID Routes:

You can also configure the edgeBOX to answer calls in different ways depending on the
number associated with the line. For example you can have a set of DIDs coming into the
edgeBOX and wand some to go to the IVR and others directly to a specific user. You can
configure thisin the DID Routes to have the numbers you want to have specific actions

Phones [ Incoming Calls | Outbound Calls | PEX Features | Hardware | Generic |

Incoming Rules

IVR Editor

Fule Mame Da

Monday - Friday

Internal
Call Rules
DID Routes
DID Ranges

Sound Manager

Hours

Actions
Actions
B Answer
GCoto o ivr
& Hangup

| AddRule || EditRule || Delete Rule

associated with them.

Incoming Rule

61 must enter the number that iscoming into the edgeBOX.

Rule Name: I |
® Weekdays ) Month Days
From: |Sunday |v| To: |Saturday |v|
rom: [0 [ 0F m 7os [ 2305 n [ 53]
Actions
Action: |Dial |~
-
Tree Actions
D Artions

!
\ET he actions portion of the this screen work exactly like
the IVR and Internal Actionstree.

Remove

| Ok || Cancel |




You can aso have al but afew numbers be directly related to a extensions. For Instance, if you
have an E1 with 30 DIDs and 30 extensions, and you would like to relate to these extensions. if
these numbers are consecutive numbers you can create a DID range to connect the numbers to

the extensions.
Here you can see a table of 30
Sound Man ager numbers connecting to 30
extensions. on the right we have . .
The sound Man added the initial phone number, the es to the edgeBOX. The files should
al beinthe GS number of digits that change, and r file system for the file and upload
the prefix to add to the Match
digits. S that 351219123501 is
DID Route sent directly to 3001.
Mumber: || |
Actions
Action: |Dia| |v|
|1E'1(test) |v|
Tree Actions
[y Actions E

Remove

Cancel

it.

WAV to GSM
Upload awave file that was recorded in 16 bit 8000 Hz mono then run the following command
in the shell.
sox FileName.wav FileName.gsm

DID Extension DID Range Configuration
351219123500 | 3000 Initial Value 351219123500
3517219123501 |3001 Number of Digits to Match |2

Prefix 20|

351219123529 3029

| 0Ok H Cancel ‘




The LCR and outgoing calls
The LCR (Least Cost Routing) is used to configure the edgeBOX on how to route outgoing calls.

Outbound Routing LCR
Route Name Inbound Pattern Hours Access Group Type of Call: Routes Access Groups
csw 123~ 00:00 - 23:59 Default Free Call Remote Switch-csw: * SIP Proxies
Default L 00:00 - 23:59 Default Free Call Proxy-Metcall : * Remate Switch
BRI-mISDM/1 VirtualRoutes

ERI (ls? 00:00 - 23:59 Default Local Call ERI-mISDM/1:* Enum Config

Authentication

| MNew Route || Edit Route || Delete Route |

Route Name is a unique identifier used to differentiate between the various outgoing routes. The
Inbound Pattern is the set of numbers that are dialed. The hours field sets time this route will used.
Access Group defines what group can use thisroute. Type of call labels the kind of call thisroute.
Routes are the way the calls are being routed out of the edgeBOX.

The LCR uses the numbers inputed from phones and other Vol P devices to choose which route to use,
note that more than one route can be created to each LCR entry. You can have more than one route
added to each LCR entry. This allows you to have many routes for asingle type of call. You can have
one route fail-over to another route if for instance your VolP provider is unavailable, or physical lines
are al busy.

Please see following example:



New Outbound Route x|
Outbound Route
Inbound Pattern |E|le‘r |
Mame: |USnumber |
Access Group |Defau|t v|
Type of Call: |Imernatinna| Call v|
from: | of=| h| o[ m 7o | 23f2] 0| saf2 m
Routes
Route Outbound Pattern Timeout CallerlD
|csw | | | |45 | |003515555555 | | Add |
Route Device Route Mame | Outbound Pattern | Timeout | CallerlD Up
ENLIM EMUII o1 45 NJ/A
Remote Switch csw * 45 003515555555 Down
I Ok I | Cancel |

In the example above we have created an New Outbound Route names USnumber. This Outbound
Route isin the Default group, the calls are labeled as international, and can be made all day. It has two
routes, the first is ENUM, which islike DNS for phone numbers. The inbound route is 001* which
means anytime someone dials a number that starts with 001 the call will be routed through here. The
system will try looking up the number in ENUM, if found it will send the call directly to the SIP
address accociated to it. If not found in ENUM, the call will be routed through the IAX2 trunk (Remote
switch) which is setup to strip off the leading 001. it is also set to force the caller ID information to
003515555555.

Access Groups

Access Groups alow for an administrator to select what users have access to trusted lines. You can give
everyone for example the ability to make free Vol P calls and only afew users access to an analogue
line.



Edit Group [x]
Group Info
Phones thet are inthe Group Name [test _
Phonesthat are not in the
Group Phones Group
Group Phones Phones
Fhone Name Fhone MNane
rui pmedlam
hcalmeida
jayme
Devices
. Group Devices Devices Devicesthe group does not
Devices the Group has access to Device Name Device Name  J~ have accessto.
NW
I Ok I | Restore | | Cancel

SIP Proxies and Remote Switches

Sip Proxies and Remote Switches are Basically Vol P providers. Sip Providers use the SIP protocol to
send and receive calls. While Remote Switches use the A1X2 protocol to create atrunk between two
locations.

Sip Proxies

Sip proxies are generally used to connect to aVolP provider. Normally an account must be created
with the Provider.



Hostname of your Vol P
provider, youcan also use ]
the IP.

'You can force the caller ID
number here. [y

'You can set the SP proxy
as trusted which will allow
incoming callsto go straight{—
into the internal call rules.

Keep alive sends SP
options packetsto maintain
connection with the
provider. Note thisisnot
supported by some
providers.

New Proxy

Proxy Configuration

Froxy Mame: |VoIPprovider |

}Name of your VoIP provider.

T hisisthe maximum number

Host: |sip.voipprovider.com |
Max Calls:
Caller|D: I

[] Trusted Proxy

Keep Alive
Codec Config
GSM [] Speex
[ G.711u 0G7lla
[]iLBC 0G726
C.729

of calls allowed.

IYou can configurethe DT MF|
tones here. T he edgeBOX
pportsrfc2833, info and

inbound tones.

[T hese are the codec choices
you can use. Keep in mind

Basicfﬁuthentication/f MNAT !

I Ok || Cancel |

'You can enable
authentication here.

[T he following fields may be
required in order to register
on the VoI P provider. You
would need to contact them T
in order to get the proper
setting.

= ew Froxy
Proxy Authentication
Enable Authentication

that the provider must
support the codec also.

T hisisthe username to your

Llsername: |username

0l P provider.

[T he password for the account.

Fassword: |uuuu

Fegister MName:
Authentication Mame:
From User:

From Domain:
Fealm:

Contact:

Basic , Authentication /1'{ N-""-'l'jr

I Ok || Cancel |




=

'You can configure NAT if the edgeBOX isnot connected ol T

directly to theinternet. ] Enable NAT
External IP: |
External Host: 1
Localnet: O

Basic f Authentication ; MAT |

Remote Switches

Remote switches are used to create an |AX2 trunk between two edgeBOXes. Thisis beneficial, because
it uses less bandwidth that a SIP trunk would.

[ 2] New Remote Switch [2¢]
Name of the Trunk. ThisMUST be the Remote Switch Settings
same on both sides of the trunk. [
Mame: |username | Password of the Trunk. ThisMUST be the
/ same on both sides of the trunk.
Thisisthe IP or Hosthame of the Secret: |""""
other box. Host: |192.168.1DD.254 ‘ you can choose whether or not thistrunk

ill accept incoming calls

Thissend IAX optionsin order to
maintain the connection stable. [

AllowIncoming Calls:

Keep Alive [T he codec choices should be the same on
Il lboth Boxes.

Codec Config

[] Gsm [ Speex

[1G.711u 0Gc711a

[l iLBC G728

G.729

| Ok || Cancel |




Virtual Routes

Virtual Routes allow you to create a another route via an existing line. For example if you have
LongDistanceCarrierl on misdnl you can in many countries add another long distance carrier by
dialing a prefix. LongDistanceCarrier2 may require you to dial 1010999 + phone number in order to
route that call through it. With the edgeBOX users don't have to perform this operation as you can
create avirtual route that will dial 1010999 before the number on preselected routes in the LCR.

New Virtual Route
Virtual Route
MName: |LongDistanceCarrier2 |
Route: |BRI—mISDN,‘1 v|
Outbound Pattern: |101I3999 |
I Ok I | Cancel

ENUM configuration

You can add different ENUM servers to the edgeBOX. You may read more on ENUM at
http://en.wikipedia.org/wiki/Enum

Authentication

Y ou can turn authentication on or off, and add a mandatory prefix in order to acquire an outgoing line,
when authentication is turned on.


http://en.wikipedia.org/wiki/Enum
http://en.wikipedia.org/wiki/Enum
http://en.wikipedia.org/wiki/Enum

PBX Features

The edgeBOX comes equipped with the traditional PBX features you would expect to seein large scale
offices, such as conference calls, hunt groups, call parking, advanced voicemail capabilities, fax to
email, and queues for call center scenarios.

Queues and Agents

A queue allows a group of agents receive calls to a specific number. They are very useful when setting
up sales or support hot lines customers can ring in on.

In the edgeBOX configuration, you can not create a queue without first creating an agent.

Agent creation

Callback Login enablesthe | :
gent Settings — -
queue to call the agent when i Th|5|sthe amount of time
an inbound call arrives, You | | ©2MIEack Login it takesan agent to be
must enter an extension the \ Enable |Ogged;3dut if acall isnot
; answered.
pgents may useto |Ogln. CallBack Login Extension:
: If thisis active the agent
Auto LogOff Time: SECS must press ' in order to
Require ACK: ® Yes () Mo answer the call.

Music ON Hold" allows Music On Hold:
/]

youto select the music
the agent listensto while

= Agents
awaiting a call. - - -
Agent ID | Agent Name Agent Login Extension List of agents.
IYou can add agents by
clicking on add agent. I
i
Add Agent | | Edit Agent | | Delete Agent

T he agent |1D isthe numerical ID for Hew Agent — - — -
the agent to login if the login is Thisisaunique 4 dlglt numerical
enabled. \ | rAgent Settings I pasaue#da%dio login.
Agent ID: S04 / sin the queue.
T he agents name. Pin:
\ Thisisthe agentslogin extension. It
Agent Name: does not have to be the same astheir

login, but things are simplifiedif they

Login Extension: |5004 / are.

| Ok || Cancel |

Creating a Queue

The edgeBOX can have more than one queue.



T he queue name that distinguishes
it from the others.

T he amount of time in seconds
that the callersposition in the
queue is.

[T hisisthe maximum number of
callersthat can be in the queue.

Thisisthe queuesrelative
priority to others configured.

The music that will be played
when the call is queued.

Select whether or not the queue
position will be announced

If you want queued callsto

logged in.

terminate if there are no agentsi—j

= New Queue

Thisisthe algorithm used to
assign callsto agents.

RingAll all agent phoneswill
ring, and the call will be assigned
to the one that answers first
RoundRobin selects each agent in
turn.

L east Recent selectsthe agent

Queue
Queue Name:;
Extension:
Announce Position Fregquency:
\ Ring Strateqgy:

Max Callers: 20 -
Queue Priority:
Music on Hold Category
Announce HoldTime: i Yes [ No

/ Leave When Empty ™ Yes (1 Mo

E Settings | Agents /

| ok || cance |

which was least recently selected,
Fewest Calls select s the agent
with least calls answered
Random selects an agent
randomly.

RoundRobin with memory,
remembers which agent answered
last and selects the next one.

remember agents can be in more than one queue.

Thistab allowsyou to add and remove agents from this queue,

Conference Calls

The edgeBOX supports two kinds of conference calls dynamic and static. The dynamic conference
calls are created by users while the admin must create the static ones.

Parking

Service State: RUNNING

Phones \*. Incoming Calls \. Outbound Calls * PEX Features \*. Hardware \I Ceneric\l

Queues
Agents
Conferences
Parking
HuntCroup
Voicemail
Fax Service

Conferences Settings

Users Can Create Conferences

Conference Extension: 9000

Conference Number |

Public Conference

Acdd Room || Edit Room || Delete Room |

The edgeBOX alows you to configure how users will transfer calls to match what they are used too.



Service State: RUNNING

Phones \ Incoming Calls \ Outbound Calls * PEX Features \ Hardware \ Ceneric \

Queues
Prefix to H : 1 ]
refix to Hangup ST
Prefix for Blind Transfer: #1 Conferences

Parking
Prefix for Supervised Transfer: |*2 HumtGroup ]
Mumberto Dial: #1 Voicemail

Fax Service

m I
1

Mumber of Lines: 1

Parking Max Time(secs): 180 -

| Stop " Apply

Hunt Groups
Hunt Groups allow you to create a group of phones that ring when a specific action is triggered.

Service State: RUNNING

Fhones \'. Incoming Calls \'. Outbound Calls ' PBEX Features ‘l\ Hardware \". lIZeneric\.I

Hunt Croup Name | Mumber of Fhones %]
o
Waicemail

=

Support

Add HuntGroup || Edit HuntCroup || Delete HuntG... |

Voice Mail
This panel alows you to configure how the voice mail system will work.



Service State: RUNNING

Phones | Incoming Calls | Outbound Calls * PEX Features \ Hardware | Generic

Voicemail Settings Queues
Agents
Voicemail Extension: | 9999
Conferences
Max Messages: Parking
HuntC
Max Length: Ene [ Amosieee |
Voicemail
Min Length: e Fax Service

MNotification Settings

Fram Email: |edgeBOX@enterprise.com |

From String: |edgeBO>< |

Attach:
Message Language: |English -

Signature: |edgeBO>< |

FAX Service

This allows users to send/receive faxes without traditional FAX equipment. A fax can be received from
any line the edgeBOX convertsit to an email and sendsiit to a predefined mail box. Users can send
faxes by sending an email to a predefined email account on the edgeBOX with a PDF or TIFF filein
attachment. The edgeBOX will convert the file to analogue fax and send it to the number in the subject
of the email. You may read more about the fax service in the FAX_How_To document.

Hardware

You can add three kinds of cards to the edgeBOX analog cards, ISDN BRI cards, and ISDN PRI cards.
E Each card is used for different kinds if lines, the most commonly recognized isthe analog lineit is
used in most homes through out the world. The analog card can use the following modules FXS which
you plug aregular phone to (card needs to be powered if thisis used) and FXO which connects to the
telephone company's line. ISDN BRI cards are the standard ISDN lines that small businesses have used
for years. They are digital lines that can carry both data and voice, however the edgeBOX can only
support Voice through this type of line. The lines will typically have 2 or three voice channels assigned
to them. Finally we com to the ISDN PRI lines, more commonly known as E1's or T1's these are digital
lines that can carry 24 to 30 voice channels.

Analog

There isn't much to configure for an analog card you can only change the Zone for your local, outside
of that you can see how many FXO/FXS ports you have.



ISDN BRI

The BRI has some more configurable values.

Service State: RUNMNING

Fhones \‘. Incoming Calls \‘ Outbound Calls \\ FEX Features * Hardware \ Generic \‘

ISDN ISDM BRI

ISDM Settings

and change the volume setting on these lines.

Here you can set the National, and international prefixes DZtiin2 el | 351

|| Internatianal Prefix:

& Edit ISDN Port x
ISDN Port

FPort Number: 1

) NT Mode @ TE Mode
{®) PMP ) FTP

[] owverlap Dial

[] Trusted Line

MSNs

MSHN Mumber: | | Add

MSH Mumber

908555555

Remove

| Ok Il Restore || Cancel

| have pauses between digits entered. It makes the edgeBOX wait until all digits

Volume:

ISDN Ports

Fort Number | Module | Fort Mode Fort Type Link
1 mISDM te pmp Up

T hese settings for these portswill vary depending on what you want to connect
to the Port. Genraly you will need to set the port to TE mode and PMP if you
will connect the port to the PSTN, and NT Mode and PTP for connectionsto
L egacy PBXes. Overlap Dial should be checked when connected to systems that

are dialed.
-Trusted Line sendsthe call to Inernal.
-You may add the MSN Numbers.




ISDN PRI

El'sand T1's can be used to connect many phone lines to the edgeBOX. If you are going to be
connecting a Primary to the edgeBOX you must get the setting from the provider in order to configure

the card's port.

PRI Spans Configuration

ISDIN PRI

Analog

Span Mode: | Module | Span Mode | Span Ports | Link |Tru5ted Span
3 Zaptel T1 36-58 Down Yes
2 [Zaptel el 5132135 [Down [ves

T his screen allowsyou to select the Span to

/*edi t.

Edit Span

Edit PRI'Span

~Span Configuration

Span Mumber: | 2

turned on.

Like In the ISDN BRI configuration you can
make the line trusted, and have Overlap Dial

Edit PRI Span

rAdvanced Configuration

SwitchType: |Eurui5dn v|
Signalling: |pri_net v|
Timing: |U v|
Framing: |cc5 v|
Coding: |hdb3 v|

Basic : Advanced//

I Ok || Restore || Cancel

|
Span Mode: |E1 |
Paorts: |5—19,21—35 |
Croup: |2 |
[ owerlap Dial

Trusted Line

i Easic//.ﬂ\dvanced/f

I Ok || Restore || Cancel

T hisinformation should be received from the Telco Provider, or
the PBX admin
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