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Notice

This guide describes the configuration of AudioCodes’ Mediant 1000, Mediant 2000 and
MP-11x SIP Media Gateways used with Asterisk@Home. Information contained in this
document is believed to be accurate and reliable at the time of printing. However, due to
ongoing product improvements and revisions, AudioCodes cannot guarantee accuracy of
printed material after the Date Published nor can it accept responsibility for errors or
omissions. Updates to this document and other documents can be viewed by registered
Technical Support customers at www.audiocodes.com under Support / Product
Documentation.

© Copyright 2006 AudioCodes Ltd. All rights reserved.

This document is subject to change without notice.

Refer to the current release notes that may be included with your documentation or hardware
delivery.

Date Published: Jun-20-2006 Date Printed: Jun-30-2006

Tip: When viewing this manual on CD, Web site or on any other electronic
copy, all cross-references are hyperlinked. Click on the page or section
numbers (shown in blue) to reach the individual cross-referenced item
directly. To return to the point from where you accessed the cross-
reference, press Alt + «.

Trademarks

AC logo, Ardito, AudioCoded, AudioCodes, AudioCodes logo, IPmedia, Mediant,
MediaPack, MP-MLQ, NetCoder, Stretto, TrunkPack, VoicePacketizer and VolPerfect, are
trademarks or registered trademarks of AudioCodes Limited.

All other products or trademarks are property of their respective owners.
WEEE EU Directive

Pursuant to the WEEE EU Directive, electronic and electrical waste must not be disposed
of with unsorted waste. Please contact your local recycling authority for disposal of this
product.

Customer Support

Customer technical support and service are provided by AudioCodes’ Distributors,
Partners, and Resellers from whom the product was purchased. For Customer support for
products purchased directly from AudioCodes, contact support@audiocodes.com.

Abbreviations and Terminology

Each abbreviation, unless widely used, is spelled out in full when first used. Only industry-
standard terms are used throughout this manual.

Information contained in this document is confidential and may not be
disclosed without prior written agreement from an AudioCodes signatory.
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SIP Configuration Guide 1. Introduction

1 Introduction

This SIP Configuration Guide is a quick guide to assist you to connect AudioCodes Media
Gateways to the Asterisk@Home IPPBX. This guide is not a detailed Installation Manual
and it does not cover all the variations and possibilities of Asterisk@Home in minute detail.

This SIP Configuration Guide describes:

B How to configure AudioCodes’ SIP Gateway (Mediant 2000, Mediant 1000 and MP-
11x) in the Asterisk@Home IPPBX Ver 2.1.
B How to prepare AudioCodes’ SIP Gateways with the correct ini file.

Figure 1-1 illustrates an example layout of a network in which the Asterisk@Home IPPBX
interoperates with AudioCodes’ SIP Media Gateways.

Figure 1-1: Example of AudioCodes SIP Gateways with the Asterisk@Home IPPBX

AC1-200 AC3- 202 Mediant 2000
(SIP)
g 10.15.4.13
o —,
MP 114 FXS PBX Phone 521
(SIP) IP -
10.15.4.12 C Astersk@Home
|] IPPBX
10.15.3.41

b Third Party Server

MP 114 FXS
(SIP)
10.15.4.11

r |

AC2-203

In the example above, the AudioCodes MP-1xx users (10.15.4.11 and 10.15.4.12) were
registered as SIP extensions to Asterisk@Home IPPBX server.

The Mediant 2000 (10.15.4.13) configured as a SIP trunk in Asterisk@Home IPPBX server
(without registration process). All SIP signaling as well as the voice streams (RTPs) are
managed and go through the Asterisk@Home IPPBX (10.15.3.41).

AudioCodes Confidential 5 June 2006
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Reader’s Notes
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SIP Configuration Guide 2. Configuring SIP Gateways in the Asterisk@Home IPPBX

2

2.1

2.1.1

2.1.1

Configuring SIP Gateways in the
Asterisk@Home IPPBX

Preparing Asterisk@Home Default Settings After
Installation

Refer this section in case of a first time after installation.

Once Asterisk@Home has been installed, some default system changes need to be made
to Asterisk.

Log in to your new Asterisk@Home box (user: root, password: password)
Figure 2-1: Login Screen

login as: root
root L188.1.7's s
Last login: Thu Aug 15 11:00:07 2005

For help on Ast 1= wou can use from this

comtnand shell

Change Linux Password

**NOTE: CHANGE YOUR ROOT PASSWORD IMMEDIATELY by typing
Passwd (note the spelling)

Figure 2-2: Change Linux Password

tication tokens updated successfully.
root] # I
** Asterisk@Home boxes with default passwords have been hacked!!

You may need to change some of the other default passwords as well and also set your
date, and the IP address of your box to a static address.

Change IP Address (set IP address to Static)

Change Asterisk IP address from DHCP to Static. At the command prompt enter:
netconfig

Select [Yes] to set up networking and hit enter.

AudioCodes Confidential 7 June 2006
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Figure 2-3: Network Configuration Request

Saaafaaqadffaaqaaaaaaqaigaaaqaqaaaaaqaaqaaaaqaqaas

Select [Yes] to set up networking and hit enter.
Figure 2-4: Configuration TCP/IP

& root@asteriskl:~

1fig O,

1
Please enter the IP configuration for this machine. Each
item should be entered as an IP address in dotted-decimal
notation (for examwple, 1.2.3.4).

dynamic IP configuration | FDHCFP)

IF address:

1
1
1
1
1
1
1
Netiask: 1
Default gateway (IF) : pRESEE-IEsE 1
Primary nameserver: i0.1.1.11 1
1
1
1
1
1
1
1

1113133131313123131313133213131313131313131313131311131313311313133113131313113131313131313131312212113

Use the Tab key to cycle through the fields. Enter the IP address that is to be allocated to
the Asterisk box, the Netmask (subnet mask), Default Gateway and Primary nameserver
as shown in the example above. In the example, we used our existing network regime.

Once done, select OK. You need to reboot for the changes to take effect.

2.2 Connect To AMP From Web Browser

Now you can connect to htip:/ipaddress/ (e.g. hitp:10.15.3.41) to configure
Asterisk@Home. You are presented with AMP (Asterisk Management Portal) as illustrated
below.

AudioCodes Interoperability Laboratory 8 Document #: LTRT-824(
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2. Configuring SIP Gateways in the Asterisk@Home IPPBX

Figure 2-5: The AMP (Asterisk Management Portal) Welcome Page.

Asterisk@Home

Welcome

Voicemail & Recordings ( ARI

CRM

Flash Operator Panel

Web MeetMe Control

Asterisk Management Portal { AMP

Using AMP (Asterisk Management Portal) we can easily configure our asterisk server.
Log in to AMP (Asterisk Management Portal)

**To log in to AMP (Asterisk Management Portal) use user: maint, password:
password unless you have changed the password during initial set up)

Once you logged in to AMP, you are presented with the following screen,

Figure 2-6: The AMP (Asterisk Management Portal) Administration Page

Asterisk .
L L-] Management | Maintenance #|Setup ¢ Reports «|Panel
Portal
Administration
‘ Welcome
Language: |English »

Welcome to the Asterisk Management Portal 1.10.010

At this stage select the Setup Tab and you will be presented with the following screen.

This is where you will start configuring Asterisk@Home. Notice the selection options on the
left. Selecting each option will display configuration screen for that particular function e.g.,

creating new extensions, creating new trunks etc.

AudioCodes Confidential 9
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Figure 2-7: The AMP (Asterisk Management Portal) Setup Page
Asterisk .
| =5 L\' LT e *|Maintenance ¢|Setup # Reports #|Panel
| = | L ~ Portal
Setup

‘ncaming Calls

Extensions

Ring Groups

Queues

Digital Receptionist

Trunks

‘nbound Routing

Dutbound Routing

O Hold Music

System Recordings

Backup B Restore

General Settings

welcome to AMP

powered by L2

Wersion 1.10.010 on 152.1658.1.100

AudioCodes Interoperability Laboratory
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SIP Configuration Guide 2. Configuring SIP Gateways in the Asterisk@Home IPPBX

2.3 General Settings

In the General Setting page you be able to configure the general behavior of the IPPBX
see as example the illustration below.

Figure 2-8: The AMP (Asterisk Management Portal) General Setting Page

Setup ¢|Reports ¢|Panel

Asterisk :
“H L‘» LT Management |Maintenance
L Portal

ave made changes - when finished, click here to APPLY them

Incaming Calls General Settings
Eutensions
- Dialing Options
Ring Groups
Cueues Mumber of seconds to ring phones before sending callers to woicemail:
Digital Receptionist
Trunks

Extension prefiz for dialing direct to voicemail: D

Inbound Routing
Dutbound Routing asterisk Dial command options:

ol AT Company Directory
System Recordings
i i i ¢ | last name i
Backup & Restare Find users in the Company Directory by: |
General Settings [0 Play extension number to caller befare transferring call

Fax Machine

Extension of fax machine for receiving faxes: |sy5tem V|

Email address to have faxes emailed to: |fax@mydnmain_u:om |

[ Submit Changes ]

Hovering your mouse on the corresponding field description with a yellow/amber underline
displays the function of the fields.

Figure 2-9: The Function of the Fields

EFTETISTUTT PTETTA TUT TTdIT T T e 10 WUTCETTTaIT

Inbound Routing

Outbound Bouting iy

0n Hold M t: Allow the called user to transfer the call

by hitting #
System Re T: Allow the calling user to transfer the call |
any Dircctory by: | ast name ¥
Backup g |B¥ hitng # ¥ y by
L |r: Generate a ringing tone for the calling
rt .
SRRt - mber to caller befare transferring call

wi Allew the called user to start recording
after pressing *1 [Asterisk vl 2)
Wi Allow the calling user to start recording
after pressing *1 [Asterisk vl 2)

Extension of fax machine for receiving faxes: |5YSTEI’H V|

For example, if you want to allow the called user to transfer a call by hitting # before the
number type ‘t’ in the Dial Command Option field, hover your mouse on the label and you
are informed of the other options.

AudioCodes Confidential 11 June 2006
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After setting up the General Settings, click on Submit Changes button and the red bar on
top of the screen for the change to take effect. Next, let us set up the extensions.

2.4

Extensions

The following AudioCodes equipment can be configured as an extension in
Asterisk@Home:

MP-11x FXS, MP-11x FXO, Mediant 1000 analog interface FXS and FXO
Configuring AudioCodes Devices as an Extension

2.41

To add the AudioCodes FXS endpoint to Asterisk@Home press the Extension button

Figure 2-10: Add an Extension

Incoming Calls

Extensicns

Fing Groups

Queues

N

I

Digital Receptionist .

—

&

Trunks

Inbound Routing

has

™ )

2

u

Add an Extension

Select device technology:

add Extension

Silence =200

Len Shanf <2001

Rohani <2002

For SIP extension select SIP in the Select device technology drop down box above.

Figure 2-11: Add SIP Extension page

AMD

Asterisk
Management
Portal

+|Maintenance +

Setup =

Reports =

Setup

Panel

Incoming Calls

Extensions

Ring Groups

Queues

Digital Receptionist

Trunks

Inbound Routing

Cutbound Routing

On Hold Music

System Recordings

Backup & Restore

General Settings

Add SIP Extension

Add Extension

Extension Mumber:

Display Mame:

Extension Options

Outbound CID:

Add Extension

<200

202 «<202=

203 <203=
204 <204
#-lite <208

Record Incoming:
Record Outgoing:

Device Options

secret

dtmfmode

Voicemail & Directory:

2833

Enter the extension number.

AudioCodes Interoperability Laboratory
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2. Configuring SIP Gateways in the Asterisk@Home IPPBX

2.5

2.5.1

Enter in secret the sip password as configured in the MP-11x.
For DTMF Mode, select “rfc 2833”

If you enabled Voicemail, you may allocate a password for voice mail. You may also
nominate an email address for Voicemail Email.

After setting up the Extension parameters, click on Submit Changes button and the red bar
on top of the screen for the change to take effect.

Click on the Add Extension button to add more extensions.
In our example above we added 3 Extensions (200,202,203).

Trunks and Routes

The following AudioCodes equipment can be configured as an extensions in
Asterisk@Home:

Mediant 2000, MP-11x FXO, Mediant 1000 Digital interface.

Configuring AudioCodes devices as a Trunk

A trunk is the telephony service line that you will be using to make an external call. For
example, AudioCodes Mediant 2000 gateway can be configured as a Trunk to enable you
to make calls to and from PSTN.

To make external, PSTN calls; you must have at least one trunk.
To create a new trunk using AMP, select Setup tab and then select the Trunks option from
the vertical menu on the left.

Figure 2-12: Add a Trunk

Asterisk .
- . . . .
= \_L \-T | Management Maintenance ¢|Setup ¢|Reports ¢|Panel
| ] L = Pportal
Setup
Incaming Calls Add a Tru“k add Trunk
Extensions Trunk ZAR/g0
- Add ZAP Trunk
Ring Groups Trunk SIP/MZEK
Oueues Add 1852 Trunk
Digital Receptionist add SIP Trunk
Trunks Add ENUM Trunk
Inbound Routing Add Custom Trunk
Cutbound Routing
2n Hald Music
System Recordings
Backup B Restore
General Settings
To create a new SIP Trunk, click on the Add SIP Trunk option.
AudioCodes Confidential 13 June 2006
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Figure 2-13: Add SIP Trunk Setting page
Asterisk .
= L‘» L‘T Management * Maintenance #|Setup + Reports ¢ Panel
| | ]_ — Portal
Setup
Incoming Calls Add SIP Trunk Add Trunk

Extensions

Ring Groups

Queues General Settings

Digital Receptionist

Trunk ZAP/g0

Trunk SIPAAZE

Outbound Caller 10:

Trunks

Mazimum channels:

Inbound Routing

Outbound Routing Outgoing Dial Rules

On Hold Music

System Recordings Dial Rules:

Backup & Restore

General Settings

[ Clean & Remove duplicates

Dial rules wizards: | fpick ane)

Outbound Dial Prefix:

Outgoing Settings

Next we need to create the Outgoing Setting, Incoming Settings

Outgoing Settings

In the Trunk Name field enter the name of this trunk: e.g. M2K

In the Peer Details enter the following;
host="M2K IP address” e.g. 10.15.3.41
type=peer

Incoming Settings

In the User Context, enter the Number your provider expects e.g., 521

In the User Details we have the following:

context=from-trunk
host=" M2K IP address” e.g., 10.15.3.41
type=user

AudioCodes Interoperability Laboratory 14
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SIP Configuration Guide 2. Configuring SIP Gateways in the Asterisk@Home IPPBX

Figure 2-14: Outgoing Settings
COutgoing Settings

Trunk Mare: 2K
PEER Details

host=10.15.4.13
CLYnE=pEEF

Incoming Settings

USER Context: 521
USER Details

context=from-trunk
lhost=10.15.4.13
Ly¥pe=user

252  Create Outbound Routing

An outbound route works like a traffic cop giving directions to road users to use a
predefined route to reach a predefined destination. To create a new route using AMP,

select Setup tab and then select the Outbound Routing option from the vertical menu on
the left.

AudioCodes Confidential 15 June 2006
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Figure 2-15: Add Route Setting Page

- Asterisk .

* \_"' ] | Management +|Maintenance ¢|Setup ¢[Reports ¢/Panel
S BB E= roral

Setup

Incoming Calls Add Route
Extensions 0 routel
Ring Groups Route Mame:
Queues Route Passwoard:

Digital Receptionist )
Dial Patterns

Trunks

Inbound Routing

On Hold Music

System Recordings [ Clean & Remove duplicates ]

Backup B Restore Insert; Fick pre-defined patterns

General Settings

Trunk Sequence

’ Submit Changes l

Every time you dial a number, Asterisk@Home will do the following in strict order,

B Examine the number you dialed.
B Check if the number is internal number. If matches it will initiate internal call.

B Using the outbound routing definitions compare the number with the pattern that you
have defined in your first route and if matches, it initiates the call using that trunk. If it
does not match, it compares the number with the pattern you have defined with the
second route and so on.

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

B To make a call out (except inter extension calls), you need at least one trunk and
one route.

B To create a new Outbound Routing, Click on the Add Route in the menu on the right
of the screen.

B In your Dial Patterns box, you need to type the pattern to match the Mediant 2000
dialing.

B For our example: 9|5xx Meaning that when you dial 95xx, Asterisk routes the call to
the Mediant 2000 trunk.

B Inthe Trunk sequence select the appropriate Trunk e.g. M2k/SIP Trunk.

AudioCodes Interoperability Laboratory 16 Document #: LTRT-824(



SIP Configuration Guide 2. Configuring SIP Gateways in the Asterisk@Home IPPBX

Figure 2-16: Route Screen

Incaming Calls Edit Route add Route
Extensions
Celete Route routel
Ring Groups
Queues Route Mame: routel
Digital Receptionist Foute Password:

Trunks

: Dial Patterns
Inbound Routing

EI SHX
On Hold Music
System Recordings
Backup & Restore
General Settings
[ Clean & Remove duplicates
Insert: Pick pre-defined patterns +

Trunk Sequence

0 |SIPMZK v | T

v

2.5.3 Configuring Incoming Calls

This is where the behavior of incoming calls from PSTN is being handled.

When an incoming call from PSTN is received, Asterisk needs to know where to direct it.
The call can be directed to a ring group (refer to section 2.5.3.3), to a specific extension,
Digital Receptionist or Queue.

There are two options to configure the incoming call:
Incoming call — general setting where to send the incoming calls comes from the PSTN.
Inbound route — specific route for individual incoming call.

When an incoming call from PSTN is received, if it match to the inbound route definition
Asterisk will initiate the call according to the Inbound route destination set, otherwise it will
behave as defined in the Incoming call setting.

2.5.3.1 Incoming Call

Incoming Calls options need to be set up to allow calls from your PSTN to go someplace.
In our example above we configured to send the incoming call from the PBX (that
connected to Mediant 2000) to extension 200.

Select the Incoming Calls selection in the left bar of the screen.

AudioCodes Confidential 17 June 2006
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Figure 2-17: Incoming Call Setting Page

AMD

Asterisk .
Management ¢+ Maintenance #|Setup #|Reports ¢/Panel
Portal

Setup

Incoming Calls

Incoming Calls

Extensions

Ring Groups

Send Incoming Calls from the PSTN to:

Queues

reqular hours: tirmes |?155-77105 |da\.rs |mun-fri

Digital Receptionist

Trunks

Inbound Routing

O Ring Group:

Cuthound Routing

O Queus:

On Hold Music

System Recordings

after hours:

Backup & Restore

General Settings

2.5.3.2 Inbound Routing

O Ring Group:
O Queus:

Override Incoming Calls Settings

© no override (obey the above settings)
@ force regular haurs
O force after haurs

Incoming calls from any of trunks can be routed to specific extension/s or Ring Group,
which is definable when setting up the individual route.

For our example we configured that all calls that come in through the Mediant 2000 trunk
from DID 500 are routed to Ring group 1 (refer to section 2.5.3.3) as shown in the

illustration below.

AudioCodes Interoperability Laboratory
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SIP Configuration Guide 2. Configuring SIP Gateways in the Asterisk@Home IPPBX

Figure 2-18: Inbound Routing

JUELES
Digital Receptionist DID Murnber; a00
Trunks Caller ID Number:

Fax Handling
Outhound Routing
on Hold Music

- Fax Extension: AP default

System Recordings

Fax Email:
Backup 8 Restore
General Settings Options

Immediate Answer, Mo
Pause after answer:

Privacy Manager: Mo v

Set Destination

O Digital Receptionist: | ¥
(O Extension: | <200 "
O Voicemail: | 203" <203= v
& Ring Graup: |# ¥

O Queue: | ¥

O custom app:

(O Use 'Incoming Calls' settings

2.53.3 Ring Groups
You may not want a Ring Group — it’s entirely up to you. If you don’t require a ring group,
you may ignore this section
A Ring Group is a group of extensions that will ring when there is an external incoming call.
When there is an incoming call, the phones nominated in the selected group will ring. You
may select different Ring Groups for each of the incoming trunks or you may nominate the
same group for all the trunks, in which case you will only need to define only one Ring
Group.
In our example above we configured one Ring Group with the nominate 200,202,203. when
there is an incoming call from the PBX through the Mediant 2000 to one of the MP-11x
extension all of them will ring.

The Ring Group screen is illustrated below:
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Figure 2-19: Ring Group Settings Page

Destination if no answer:

O Digital Receptionist: |

@ Extension; |202 <202> v
| |
O voicemail: |"203" <203> ¥

O Ring Group: |
O Queus: |
O custom &pp: |

|

Incoming Calls Ri“g Group: 1 Add Ring Group
Extensions Ring Group 1
. Delete Group 1
Eing Groups S
JueLes Edit Ring Group
Digital Receptionist
Trunks g strateay: ergallv
Inbound Routing extension list: [z00
Outhound Routing 52':'3
|20z
Zn Hold Music 5
S\,rstem RECDI’dIHgS [ Clean & Remove duplicates ]
Backup & Restore rv— 2|
P CID name prefix: 1206 [
General Settings , , oy
ring time (max 60 sec): |60 |

[ Submit Changes

)

2.6 Edit Configuration Files.

Just as you think that all is OK, you realize something else requires attention.

This is true with Asterisk@Home as well.

To do this you need to edit some configuration files (.conf) that reside both in the
/etc/asterisk directory and /etc directories. Configuration files in the /etc/asterisk are

generally editable through AMP Maintenance Tab.

To start editing the .conf files you need to log in to AMP and select the Maintenance Tab.

AMP presents you with the following screen.

AudioCodes Interoperability Laboratory 20
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SIP Configuration Guide 2. Configuring SIP Gateways in the Asterisk@Home IPPBX

Figure 2-20: The AMP (Asterisk Management Portal) Maintenance Page

Aste rISk @ Home 0|Maintenance O‘Setup O‘Reports ¢|Panel

Maintenance

System Status

Cisco Config System Status
el (Sel Asterisk@Home version 2.1
phpkdy admin
Process Status
Sysinfo
asterisk Info Asterisk -
Wwebh Mail Eron server running
. secure shell Ser\.rer-

Upload audio File

: web server -
Log Files
Backup

Uptime: 5 days 7 hours 12 minutes

[ Reboot ] ’ Shutdown

Select Config Edit and you can see a new screen with a list of all the .conf files, which
can be edited from AMP.

You may scroll down the page to find the file that you wish to edit.
Figure 2-21: Config Screen

phpconfig for Asterisk PBX

fetclasterisk Avar www html/panel fetc fftpboot Re-Read Configs

aZhilling.conf
agents.conf
alarmreceiver.conf
asterisk.conf
cdr_rmysgl.conf
codecs.conf
dnsmgr.canf
dundi.conf

enum.canf
extconfig.conf
extensions.canf
extensions_additional.conf
extensions_custom.canf
features.canf
festival.conf

jax.conf
jax_additional .conf
jaxprov.conf
indications.canf
localprefixes.conf
logger.conf
manager.canf
manager_custam.conf

A number of .conf files may require editing for Asterisk to function, depending on the
individual requirements. For example if there is need to support with more Codecs than p-
law or A-law you need to configure the SIP.conf configuration file as shown below:
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After made changes in the configuration files you will need to reboot for the changes to
take effect or made other change in the setup configuration and press the red bar on top of
the screen.

SIP.Conf

Note: If your SIP devices are behind a NAT and your Asterisk server isn't, try adding "nat=1" to each
peer definition to solve translation problems.

[general]

port =5060 ; Port to bind to (SIP is 5060)

bindaddr = 0.0.0.0 ; Address to bind to (all addresses on machine)
disallow=all

allow=alaw

allow=ulaw

allow=g729

allow=g723

allow=g726

context = from-sip-external ; Send unknown SIP callers to this context
callerid = 200

#include sip_nat.conf
#include sip_custom.conf
#include sip_additional.conf

AudioCodes Interoperability Laboratory 22 Document #: LTRT-824(



SIP Configuration Guide Preparing SIP Gateways to Interoperate with Asterisk@Home

3  Preparing SIP Gateways to
Interoperate with Asterisk@Home

Define the following parameters in the ini file that relate to configuring the Mediant 2000,
and MP-11x to interoperate with the Asterisk@Home

1.

© 0Nk W

10.

In the case of an AudioCodes FXS device (AudioCodes’ MP-11x FXS and the Mediant
1000 FXS module), define the endpoint phone number as defined in the Asterisk
Extensions.

Set the Authentication User name and password parameters as defined in the Asterisk
Extinctions numbers and secret.

IsProxyUsed=1

ProxylP="Asterisk@Home ip address”

PRACKMode = 0 or 1 but not 2, if the PRACK required the calls will fail.
IsFaxUsed = 2, Initiates fax using the coder G.711 A-law/p-law with adaptations
TxDTMFOption=4, RFC2833
Define the coder list and priority as defined in the Asterisk SIP.Conf file.

In the case of an AudioCodes FXS device (AudioCodes’ MP-11x FXS and the Mediant
1000 FXS module), define the IsRegisterNeeded=1. for Mediant 2000 that configured
in Asterisk as a Trunk define the IsRegisterNeeded=0

In the case of an AudioCodes FXO device it can be configured in Asterisk@home as
an Extension or as a trunk depend in the implementation and the network needs.
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