T,z\)iKA PHONE VOIP-500 Series Phone

Creating Communications Solutions

[. Introduction

This Digium Asterisk AA-50 Integration Guide provides general instructions for integration of the VOIP-500
Series Phone with a Digium Asterisk AA-50. It is recommended to read this instruction set completely before
starting any installation. For detailed VOIP-500 Series Phone setup instructions, please consult the VOIP-500
Series Phone Manual. This integration guide has been specifically developed for a Digium Asterisk AA-50,
however the following instructions may apply to other asterisk installations.

Il. Prerequisites

e Digium Asterisk AA-50
e Network access to the AA-50, VOIP-500 Series Phones and all network services (SIP, TFTP, HTTP,
FTP, DNS, RTP/SRTP)

[1l. AA-50 Basic Configuration

Basic instructions for integrating a VOIP-500 Series Phone with a Digium Asterisk AA-50 are included.
Advanced setup of AA-50 features is outside the scope of this document.

1. Using a web browser, enter the IP address (or FQDN if configured) of the AA-50 in the address bar:

J (%) Asterisk Configuration GUI |l
€& (®) 192168691 /static/config/indexhtml c | |29 Google PlAH B~ -
k)
* : 5
digiumi|Asterisk

Please login

Asterisk™ Configuration Engine

Username:

Password:

Login
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2. Login to Digium Asterisk AA-50:

VOIP-500 Series Phone

I@System Status I S l
€ | (®) 192168691 /static/config/indexhtml & | |29 Google AlalBDr| -
@ ¢ Logout|
dhgiumi| Astensk [Eogod]
EH Status

Please click on a panel to
manage related features

System Status
Firmware : v1.3.0.5

Trunks
Status Trunk Type Username Port/Hostname/IP
PBX Line 1 Analog Ports 5
Conference Rooms & Parked Calls
No Conferences setup No Parked Calls 2
Extensions
@ Free - Busy ® UnAvailable @ Ringing

Extension Name/Label Status Type
7000 Welcome Voice Menu
6050 Check Voicemails VoiceMailMain
7050 Dial by Names Directory
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3.
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VOIP-500 Series Phone

Each VOIP-500 Series Phone should have a unique User. In the Digium Asterisk AA-50 main menu,

select Users then Create New User.

I@ManageUserExtensions I i
€ | (®) 19216869.1/static/config/indexhtml Vv || 3 Google PllallBr|e~

] »

Logout'

ser Extensions on PBX
| + Create New User |l Modify Selected Users I X Delete Selected Users | List of User Extensions Where to Buy

| No users created ! l

x)
igiurri| Asterisk

Users is a shortcut for
quickly adding and removing
all the necessary
configuration components
for any new phone.

85 Ring Groups

On Hold
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4.
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Enter the required fields to create a new User:

Extension: A unigue Extension for each VOIP-500 Series Phone.
Name: A unigue Name for each VOIP-500 Series Phone.

SIP: Ensure SIP (Session Initiation Protocol) is selected.

Codec Preference: Ensure u-law is selected.

VOIP-500 Series Phone

MAC Address: Enter the MAC (Media Access Controller) address of the VOIP-500 Series Phone.

SIP/IAX Password: Enter a unique Password for the VOIP-500 Series Phone.

&

€ ®) 19216869./static/config/indexhtml

I @ Manage User Extensions

¢

23 - Google Plal B~

]
dhgiuri|Astenisk Logout

23 System Status

R

88 Configure Hardware rCiie

85 Outgoing Calling Rules

B o ate New User X

i

— General :
Extensionl 6000
CallerlD: 6000 @

& Namel VOIP-500-1 DialPlan: Defaut_piamian v @

OutBound CallerlD:

Users is a shortcut for
quickly adding and removing
all the necessary
configuration components
for any new phone.

— [ Enable Voicemail for this User @

VoiceMail Access PIN code: ® Email Address: ®

L R B

“spf® Ciax @ Analog Station: None + ® fiash @: 750 diash @: 1250
Codec Preference :IFirst: ulaw v Fecond: None v Third: None + Fourth: None  Fifth: None «

28 Ring Groups
85 Music On Hold

— VoIP Settings
IMAC Address : 001EEB0007D5 ICD Line Number : 1 + @ LineKeys: 1+ ®|SIPAAX Password: 6000
NAT: [ © Can Reinvite: [] @ DTMF Mode: rrc2s3z + @ insecure: no [+] @

23 Call Queues

25 Time Interval

23 Incoming Calling Rules

— Other Options

23 Paging/Intercom ] 3-Way Calling® [ In Directory @ [ call Waiting @ [ ¢1 @ [ 1s Agent @ Pickup Group: 1

23 Conferencing

oo Y
33 Follow Me © Cancel Update

28 Directory

28 Call Features

823 VoiceMail Groups

88 Voice Menu Prompts

| »
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5. If adding multiple VOIP-500 Series Phones, repeat Steps 3-4 for each device.
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V. VOIP-500 Series Phone Configuration

1. Using a web browser, enter the IP address of the VOIP-500 Series Phone that you are programming.
Login to the device with the configured Username and Password.

2. Inthe VOIP-500 main menu, select Network > SIP Settings.

3. Enter the following fields on the SIP Settings page. Then click Apply.
Assign a phone number:
Phone Number: Enter the Extension created in Step llI-4

Specify domain name:
Domain Name: Enter the IP address of the Digium Asterisk AA-50

Enable/disable SIP registration:
Register: Checked

Specify SIP registrar:
Username: Enter the Extension create in Step Ill-4
Password: Enter the SIP/IAX Password created in Step Ill-4
IP Address: Enter the IP address of the Digium Asterisk AA-50
Port: (default: 5060)
Re-registration Time: (default: 3600)

Specify outbound proxy:
Username: Enter the Extension create in Step lll-4
Password: Enter the SIP/IAX Password created in Step lll-4
IP Address: Enter the IP address of the Digium Asterisk AA-50
Port: (default: 5060)

€ P v 1921686910/Home.sspxsipsettings.xml c |28~ Google Pl A B~ ¢~
TALK A PHONE NoIRRhns S ——
Creating Communications Solutions® [Appy [Refresh [Help [ Logout
Home N
T SIP Settings  Updated.
Device State Assign a phone number :
Siaishe Phone Number 6000
Loggin
< Specify FQDN/IP Address :
Date &Time
FQDN/IP Address  192.168.69.1 Voip500.local voip500.local
Ping & Traceroute
TS Enable/rdwlsable SIP registration :
SMTP Server Configuration 9] Register
Email Notification Profiles Specly SIP registrac:
R Username 6000
Network Password seee
VoIP 1P Address 192.168.69.1
Dvices Port 5060  (PortRange: 1024-49151)
Voice Messages
Re-registration Time 3600  (Range: 10-14400 seconds)
Authentication
pREr Specify outbound proxy :
Username 5000
Password core
1P Address 192.168.69.1
Port 5060  (PortRange: 1024-49151)
Registration status :

@ Primary registrar is active : Registered as 6000@192. 168.69.1

Copyright © 2010 Talk-A-Phone Co. Al rights reserved.

4. Repeat steps 1-4 for any additional VOIP-500 Series Phones.
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