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;( Q] XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

1. Overview

About This  This document describes XO Communications SIP package 1 minimal configuration requirements,
Document  consisting of:

e Digium Asterisk Appliance 50 (AA50) software version 1.0.3.1 and
e Digium Asterisk Appliance 50 (AA50) software versionl1.1.1

both deployed with an XO-provided Cisco 2432 IAD as the router/demarcation device. This
document assumes the audience has a general understanding of network provisioning, connectivity
requirements of XO Communications SIP service offering.

Known While XO certifies interoperability between XO SIP service and the PBX as outlined herein, the

Issues following known issues were identified during Interoperability testing. The customer should be
aware that certain features and functions may not be fully supportable. In some cases, special
configurations and/or PBX software patches may be available from the vendor:

e Digium Asterisk Appliance 50 (AA50) software version 1.0.3.1:

0 Inbound CNAM displays as “New User”, rather than actual name
e Digium Asterisk Appliance software version 1.1.1:

o Blind Call Transfer failed

0 Inbound CNAM displays as “New User”, rather than actual name

Registration Digium Asterisk Appliance 50 (AA50) software versions 1.0.3.1 and 1.1.1 utilize static registration

Method between IP phones and the IP PBX.

X0 SIP

Service Digium Asterisk Appliance 50 (AA50) software versions 1.0.3.1 and 1.1.1 support XO SIP Service
Packages Package 1 only:

Supported Pkg | Codec DTMF Fax

1]G.711 RFC2833 (in-band RTP DTMF fallback) | T.38; G.711 pass-
through

XO SIP package 2 (G.729a compression) is not supported

XO COMMUNICATIONS CONFIDENTIAL 1



;( Q] XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2. Testing of Digium Asterisk Appliance IP PBX, Software Version 1.0.3.1

2.1 Software and Hardware Versions Tested

Cisco 2432 IAD CPE Used as a Router
Cisco 2432 Software Version: Cisco 10S Software, 2400 Software
(C2430-IS-M), Version 12.4(7e), RELEASE SOFTWARE (fc5)
System image file is "flash:c2430-is-mz.124-7e.bin"
Cisco IAD2432 (R527x) processor (revision 4.1) with
119808K/11264K bytes of memory.
Processor board ID FHK1012F04P
R527x CPU at 225MHz, Implementation 40, Rev 3.1
DRAM configuration is 64 bits wide with parity disabled.
63K bytes of non-volatile configuration memory.
62720K bytes of ATA System CompactFlash (Read/Write)
OK bytes of ATA Slot0 CompactFlash (Read/Write)
Slot 0: C2400 Mother board 24FXS-2F-2FE (3 onboard DSPs) Port
adapter, 33 ports
Version Identifier 1 V01

WIC Slot 0O:
T1 (2 port) Multi-Flex Trunk WAN daughter card
Hardware revision 1.0 Board revision BO

Digium Asterisk Appliance 50 (AA50) 50
Hardware No: S844i Rev: B1

The software: OS Version: Linux asteriskpbx 2.6.16.27sx00i-1.0.3.1
Asterisk Build: Asterisk Autotag for _sx00i-1.0.3

Polycom SIP Phone and Analog Phone
Polycom IP 430 release 2.2.1 revision C
LAN Port Mode: 100FD

XO COMMUNICATIONS CONFIDENTIAL 2



‘x Q LommLRIcations XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.2 Diagram of Lab Test Set-Up for Digium Asterisk Appliance IP PBX, Software
Version 1.0.3.1

XO IP Network The following diagram is used during lab testing to depict the configuration of Digium
Asterisk Appliance 50 (AA50) deployed with Cisco2432 IAD CPE.

192.192.192.2
XO Communications IP FE 0/0

Network

k

Ser 1/0:0

Cisco 2432 IAD Fast Ethernet

Digium-Asterisk 50

LAN DHCP

z WAN
192168692 *fg ,,,,,, 207.150.135.2
GW IP Address: _
192.168.69.1 GW IP Address:

207.150.135.1

Analog Phone
IP Address: 192. 1P Address: 192.
168.69.51 168.69.52

4693876500 4693876501

4693876502

Polycom
IP Phone

Digium Asterisk Appliance 50 (AA50) Deployed with Cisco 2432 IAD CPE
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XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration for Software Version 1.0.3.1

In This
Section

Show
Admin
Settings

This section contains GUI and dump configuration on phone provisioning, service provider,
users, voicemail, and SIP configuration.

Show the Admin Settings. The Admin Options screen, illustrated in Figure 1, shows the
Admin Settings.

¥ Asterisk GUI -- Local Extension Settings - Mozilla Firefox =18 %]

File Edit ‘iew History Bookmarks Tools  Help

@ - - @ %] ‘G} ‘@ htkpe (192, 168,63, 1 fstaticfconfigfcFgbasic, himl |"| [)l " Google |\\]
’ Getting Starked @ Latest Headlines
= T oo DT =
Admin Options
Local Extension settings Change Password Advanced Setup Wizard Move the mouse aver to a field to see toaltips

—

- - Lacal Extension Settings:
5

Local Extensions are
o2 Call Queues
= = First Extensian Mumber : | 6500
_
OperatorBxtension:[ =]
22 Calling Rules
- I Allow analog phones to be assioned to multiole extensions

=2 Incoming Calls r
22 Netwarking | Allow extensions to be Alphalumeric (SIP/IAX users)
~ Agent Lagin Settings:
P ’
Agent Login Extension: [ |
82 Call Parking Agent Callback Login Extension: [ |
22 Ring Groups Agent Logout
oo Active Channels
82 System Info — Default Settings for a New User
28 Backup
I Is Agent V¥ Voicemail

¥ In Directary CcT
Admin Seftings W P ¥ 1mx
[T callWalting [~ 34ay Calling

[ voiceMail Passward

Save Cancel |

Copyright 2006-2007 Digium, Inc. Digium and Asterisk are registered trademarks of Digium, Inc. &1l Rights Reserved. Legal fn formation —

|4 Find: I 9 Mext F Previous || Highlightal [~ Match case

Done

Figure 1. Admin Options Screen

XO COMMUNICATIONS CONFIDENTIAL 4



XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Verify
Analog
Port

Verify the analog port on the system. The Digium Asterisk Appliance 50 (AA50) has up to 8
Analog Ports, as illustrated in Figure 2.

¥ Asterisk GUI Setup Wizard - Mozilla Firefox - | & |5|
File Edit “iew History Bookmarks Tools Help
<E| - [ - @ /\J} |@_._: http:)f192.168.69.1/static/config/setup/install. html |" b] "|Gnngle |\4‘l
. Getting Started l;,' Latest Headlines
& *. . Welcome to Asterisk GUI setup wizard
digiuri| Astenisk
Start Step 1 of 8 - Verify Analog Ports
Verify Analog Ports The following analog ports have been detected on your system
Dale &Time Analog(FXS) Part #1
Local Extension Settings Anglog(Fx3) Port #2
Service Providers Analog(Fx5) Part #3
Anzlog(Fx3) Port #4
Calling Rules AnalogiF<0) Port #2
I, Analog(Fx0) Port #6
YoiceMail Settings AnalDgiFXO) Part #7
User Extensions Analog(F=i) Part #8
Incorming Calls
Finish
Back MNext
Copyright EE006-2007 Digium, Ino. Digiumi® and Asterisk® are registersd trademarks of Digium, Ine. Al Rights Reserved. Legal nfomation
3 Find: I B next 1B Previous Highlight &l I~ Match case

Dane

Figure 2. Verify Analog Ports Screen
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XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Configure  Show the configuration of the current local system date and time, as illustrated in Figure 3.
Date &
Time ¥ Asterisk GUI Setup Wizard - Mozilla Firefox NEES
Sett]ngs File Edit View History Bookmarks Tools Help

<ﬂ M”72 @ /\J} ‘\f. hkp:ff192, 168,69, 1 fstatic/config/setupfinstall, html |‘| Pl "|Goog\e |\\]

’ (Getting Starked k;,' Latest Headlines

&
dhgiumi| Astensk

Start

Werify Analog Ports
Date & Time

Local Extension Settings
Senice Providers
Calling Rules

woiceMail Settings

User Extensions
Incoming Calls

Finish

Step 2 of § - Date & Time Settings

Flease configure the current local systerm time:

Welcome to Asterisk GUI setup wizard

Day |[Sep x| |26 =

Time (17 =] |04 = IAM ¥

Year | 2007 vl

Back |

Copyright EE006-2007 Digium, Inc. Digium® and Asteriskil are ragistered tmdemarks of Digium, Inc. Al Rights Reserved. Lepal ibmation

3 Find: I

{3 Mext b previous

Highliahe all [~ Match case

Done

Figure 3. Date & Time Settings Screen
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XO® SIP Service Customer Configuration Guide, v2,

for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Configure Show the Local Extension Settings, as illustrated in Figure 4. The local extension is set to
Local use a 4-digit extension.
Extension

Settings BLIES

File Edit “iew History Bookmarks Tools Help

@ > @

/\J} ‘\f__-‘ http:/f192.168.69.1)static/config/setupfinstall. hkml

|“ [bl "|Gnngla

2y

’ Getting Started h_" Latest Headlines

—

€
digiurri| Astensk

Start

Verlfy Analog Ports

Date & Time

Local Extension Settings
Gervice Providers

Calling Rules

VoiceMail Seftings

Usger Extensions

Incorming Calls

Finish

Step 3 of 8 - Local Extension Settings

I Allow analog phones to be assigned to multiple extensions

Welcome to Asterisk GUI setup wizard

Local Extensions are digits long

First Extension Mumber : [B500

Back

Copyright E2006-2007 Digium, Inc. DigiumiE and Asteriski® are registered tmdemarks of Digum. Inc. Al Rights Reserved. Legal infomatinn

| Find: I

& Mext @ Previous

Highliaht zll T~ Match case

Done

Figure 4. Local Extension Settings Screen
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XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Show Service

Provider as illustrated in Figure 5.

¥ asterisk GUI -- Service Providers - Mozilla Firefox

Show the configuration of the Service Provider. The Digium-Asterisk uses G711 ulaw,

=181
Fle Edt Wiew History Bookmarks Tools Help
@G- -@F A% | ) hepyfjrse. 165,601 staticfeonfigjsetupfinctal [ =] B [[Cl=[s00ge o
. Getting Started E,‘ Lakest Headlines

&)

chgiuni| Astensk
Start

Yerify Analog Ports

Date & Time

Lacal Extension Seftings
Service Providers
Calling Rules

YoiceMail Seftings

User Extensions

Incorming Calls
Finish

Welcome to Asterisk GUI setup wizard

Step 4 of 8 - Service Providers

List of Service Providers

S5 Mo  Service Provider Type

1 Custom-*0 Custorm Vaip
Edit
Codecs
Advanced
Delete
Calibrate
Audio Levels

Add Service Provider I

Back Mext

Copyright E2006-2007 Digium, Ine:. Digium and fsterisk® are registered trademarks of Digium, Inc. A Rights Reserved. tegal b mation

&3 Find: |

& Hext 1% Previous

Highlight &l [~ Match case

Dane

Figure 5. List of Service Providers

XO COMMUNICATIONS CONFIDENTIAL



XQ LOMMUNICALIons XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Edit Service The Edit Service Provider screen is illustrated in Figure 6. The SIP Protocol is used, and
Provider the Register box is not checked since it is static registration.
Information

¥ Asterisk GUI -- Service Providers - Mozilla Firefor NEIES

File Edit View History Bookmarks Tools  Help

4

<EI - - @ /IJ} |\’f. http: fi192.168.69. 1 fstaticfconfigisetupfinstall hkml "‘ Pl "‘Google

’ Getting Started E" Latest Headlines

* @ i Welcome to Asterisk GUI setup wizard
digiurri| Astensk P
Start
Yetify Analog Ports _
Local Extension Seftings e
© analog © volP F Custorn WolP
Calling Rules

woicehlall Settings

User Extensions Comment
Incoming Calls Frotocol:
Finish Register: (|

Host 205.156.163.231
Usemame:
Passward: [ ]

Save Cancel |

Back MNext |

Copyright @E006-3007 Digium, Ine. Digiumi and Asteriski® are registered trademarks of Digium, Inc. &I Rights Reserved. tegal inbmation

Q Find: I {3 Mext i Previous Highlight: al - T~ Matgh case

Dane

Figure 6. Edit Service Provider Screen
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XO® SIP Service Customer Configuration Guide, v2,

for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Show
Outbound
Calling
Rules

Configuration for Outbound Calling Rules is shown in Figure 7. Local numbers are begun
with 9 and long distance with a 91.

¥ asterisk GUI -- Service Providers - Mozilla Firefox NEIES

File Edit Wiew History

Bookmarks  Tools  Help

@ »-€

/\J} ‘\f_; http:/f192,168,69, 1 staticjonfig/sstupfinstall,html |“ [>l "

Google ~

B Getting Started h_‘l Latest Headlines

.
* @ . Welcome to Asterisk GUI setup wizard
chgiuni| Astensk
Start Step 5 of 8 - Outbound Calling Rules
Verify Analog Ports . . "
v ’ List of Calling Rules in default dialplan - DialPlant
Date &Time
Local Bxtension Settings S.No  RuleMame Dial Pattern Call Using Optiong
Service Providers 1 Internationsl Begins with 9011 and follovwed by T or Select & Edit Delete
Calling Rules more digits ServiceProvider
2 9 Bedins with 911 ancd follovwed by 0or Select a Edit Delete
Woicehail Settings mare digits ServiceProvider
User Extensions 3 |undefined undefined Selecta Edi Delete
ServiceProvider
neorming Calls 4 |Longeitance  |Beging with 31 and folowed by 10 Select a Edit Deete
Finish digits ServiceProvider
5 Longdistance Begins with 91 and followed by 10 oF Custom-¥0 Edit Delete
more digits
6 Local Begins with 3 and followed by 10 or Custom-KO Edit Delete
more digits
Add a Calling Rule |
Back

Copyright E2008-2007 Digium, Inc. DigiumiE and AsterizkiE are registered tademarks of Digium, Inc. Al Rights Reserved. Legal Infamation

& Find: I

# Hext i Previous Highlight &l [~ Matgh casa

Dong

Figure 7. Outbound Calling Rules Screen
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XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Configure Figure 8 shows the configuration of VoiceMail Settings. The Attach recordings to email field
Voicemail is selected. Maximum messages per folder and maximum message time can be selected in
Settings the drop-down box.

) asterisk GUI -- Service Providers - Mozilla Firefox eS|
Eile Edit “ew History Bookmarks Tools Help
<ﬂ > = - @ ‘/u} |\’..': http:{192.168.69.1/static/config/setupfinstall.html |“ Dl "|Gnngle Ly,

’ Getting Started E" Latest Headlines

—
*®
chgiumi| Astensk
Start
Verlfy Analog Ports
Date & Time
Local Extension Setlings
Gervice Providers
Calling Rules
VoiceMail Settings
User Extensions

Incorming Calls
Finish

Welcome to Asterisk GLI setup wizard

Step 6 of 8 - VoiceMail Settings
Extension for checking messages

Aftach recordings ta e-mail 3

Maximum messages per folder: R
Maximum message time
Max greeting (seconds)

Back

Copyright E2006-2007 Digium, Inc. DigiumE and AsterizkiE are ragistersd trademarks of Digium, Inc. A1 Rights Reserved. tegal ifamation

&3 Find: I

& nNext & Previous

Highlight 2l T~ Match case

Done

Figure 8. VoiceMail Settings Screen
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XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Configure
User
Extensions

Figure 9 show configuration of the User Extensions. Each user can be edited in the
Options column.

) asterisk GUI - Service Providers - Mozilla Firefox N EIES

Flle Edit Wiew History Bookmarks Tools  Help

<:E| v - @ ﬁ.} |.§_,‘ http:/f192,168.69, 1}staticfconfig/setupfinstall html |‘| |>] "‘Googla

oJ

’ Getting Started l;,‘ Latest Headlines

-
. (*) Welcome to Asterisk GUI setup wizard
d]g]um|A5tenSk Changes cancelled!
start Step 7 of 8 - User Extensions
Verly Analog Ports List Of User Extensions
Date & Time
Local Extension Settings S.no Extension  Mame Options
Senice Providers 1 6001 4693876001 Edil Delele
Calling Fules 2 6002 4B0387B002 Edil Delele
Voieetiall Setings 3 6003 4BA387B003 Edil Delele
i 4 6500  Asterisk G500 Edil Delele
User Extensions 5 BS01  Asterizk G501 Edit Delete
Incoming Calls g 5502 Asterisk G502 Edit Delete
Finish
Add User Extension |
Back INlesxt
Copyright E2008-2007 Digium, Ine. Digium® and AsteriskE are registered trademarkes of Digium, Inc. Al Rights Reserved. legal infomiation
Q Find: I ¥ Mext {3 Previous Highlight: &l T~ Matgh case

Dane

Figure 9. User Extensions Screen
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XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Edit User Figure 10 shows how to edit user information. The Dial Plan is selected using the user
Information extension. The Phone Serial is in the back of Polycom SIP Phone.
¥) asterisk GUI -- Service Providers - Mozilla Firefox =12 ]
Eile Edit Wew History Bookmarks Tools Help
<:EI - > - @ ﬂ_“ |\§.' http: ff192.168. 69, 1 fskatic/configfsetupjinstall,html "‘ Wl "‘GDDQE ‘\]

’ Getting Started E,' Latest Headlines

—

*x)
digiurri| Astensk

Welcome to Asterisk GUI setup wizard

Sno E User Exension [6500__] FullMame: [AstenskE500 ]
Pagsword: Ernail: 1
Caller id: fnalog Phore: ]
Dial Plan [ 4693876500 = ]wniceMail: 2
In Diractony: ~ SIP: v
T r 143 3
Galbvvaiting: [T Way Calling: [~
Is Agent Iz Fhone Serial IW

Save Cancel |

Back Mext |

Copyright E200G-2007 Digium, Ine. Digiumi and Asterisk are registered trademarks of Digium, Inc. &) Rights Reserved. tepal irbmatin

3 Find: I & Mext 1 Previous Highlight 2l T Matgh case

Dane

Figure 10. User Extensions Screen
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XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Show Figure 11 show the configuration of the Incoming Calls for each user extension. Each user
Incoming extension is configured to have its own rule for incoming call.
Call Rules

) asterisk GUI -- Incoming Calls - Mozilla Firefox eS|
Eile Edit “ew History Bookmarks Tools Help
<:F3 - - @ /\J} |\§, http:{192.168.69.1/static/config/setupfinstall.html | 4 ‘ [ l "|Gnngle Ly,
’ Getting Started h_" Latest Headlines
L @ . Welcome to Asterisk GLI setup wizard
dhgiumi| Astensk
Start Step 8 of 8 - Incoming Calls
Verify Analog Paorts . . .
b g List of incoming call rules
Date & Time
Local Extenzion Settings S.Mo  Incoming Rule Options
Service Providers 1 |Route incoming calls from provider ‘Custom- X' that match pattern'_8500'to | Edi Delete
'BS00 -- Asterisk GO0
Calling Rules 2 Route incoming calls from provider 'Custom-XO' that match pattern '_B501" to Edit Delete
‘oicehtail Settings 'BS01 -- Asterisk BSO01"
3 Route incoming calls from provider 'Custom-KO' that match pattern '_B902" to Edit Delete
User Exdensions B502 - Asterisk 6502
Incoming Calls 4 |Route incoming calls from provider ‘Custom-XO that match pattern’_S10ta | Edit Delete
Finish 863510 -- Check Yoicemail
5 Route incoming calls from provider 'Custom-XO' that match pattern '_B511"to Edit Delete
"T000 -- Y oice Menu'
Add a Incoming Rule
Back
Copyright E2006-2007 Digium, Inc. DigiumiE and Asterizki® are registered trademarks of Digiom, Inc. A1 Rights Reserved. legal ibmiating
&3 Find: I & Next & Previous Highlight all [~ Makch case
Done

Figure 11. Incoming Calls Screen
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XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

2.3 Digium-Asterisk Configuration (continued)

Configure Figure 12 show the configuration of the Voice Menus / Auto Attendant. The new step in the
Auto greeting menu can be added in the Add a new Step drop-down box.

Attendant

) asterisk GUI -- Yoice Menus - Mozilla Firefox

Eile Edit “ew History Bookmarks Tools Help

@ ~ - - @ X | /\J} |L§| hittpe {192, 162,69, 1 staticfconfig/cf ghasic. html |v‘ }l |'|Gnngle

’ Getting Started @ Latest Headlines

]
chgiumi| Astensk

22 Voice Menus
Menus allow for mare

efficient routing of calls
from incoming callers. Also

322 Voicemail

known & IVR (Interactive
‘Yoice Response) menus or
Diggital Receptionist

Voice Menus Configuration

23 System Info

WOICe MenUs

Mame; Extension: | 7000 during the menu,
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Figure 12. Auto Attendant Configuration Screen
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2.3 Digium-Asterisk Configuration (continued)

Configure  Figure 13 shows the configuration of the Ring / Hunt Group. The users are added into the Add
Hunt Ring Group. It has two Strategies in the drop-down box:

Group = Ring in Order — Will ring the first agent in first list; if it's not answered in 4 rings, it will ring
the second user.

» Ring All option — All the users in the Add Ring Group will ring simultaneously.

©J asterisk GUI -- Record a Menu - Mozilla Firefox 18] x|

File Edit Yew History Bookmarks Tools Help

@ - @ (X ﬂ_“ |\§‘: http: {192, 168,69, 1 fskaticfronfig/cigbasic. html |Y| D] "‘Guugle |¥4\]

. Getting Started @ Latest Headlines

. R
digiumi| Astensk ot Digum
53 Home Ring Groups
23 Users

Narme: Strateqy’ below?
23 Call Queues SIF/EL00 — Asterigk 6500 =

P Dial other Extensions: |z the caller allowed to
i xtemsions other than the anee cefne
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5 SIFMB002 — 4593576002
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z zz -
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i EE
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Figure 13. Hunt Group Screen
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2.3 Digium-Asterisk Configuration (continued)

Provisioning This is the automatically generated configuration file in Digium appliance. This file will
Dumps on SIP contain all the default SIP configuration information.
Configuration

;! Filename: sip.conf (/etc/asterisk/sip.conf)
;1 Generator: Manager

;! Creation Date: Tue Sep 11 19:48:47 2007
-l

[general]
context = default ; Default context for incoming calls
;allowguest=no ; Allow or reject guest calls (default is yes, t

his can also be set to 'osp’

; if asterisk was compiled with OSP support.
;realm=mydomain.tld ; Realm for digest authentication
; defaults to "asterisk"

; Realms MUST be globally unique according to RFC 3261

; Set this to your host name or domain name

bindport = 5060 ; UDP Port to bind to (SIP standard port is 5060)
bindaddr = 0.0.0.0 ; IP address to bind to (0.0.0.0 binds to all)
srvlookup = yes ; Enable DNS SRV lookups on outbound calls
allowexternaldomains = no

allowexternalinvites = no

allowguest = yes

allowoverlap = yes

allowsubscribe = no

allowtransfer = yes

alwaysauthreject = no

autodomain = no

callevents = no

compactheaders = no

dumphistory = yes

g726nonstandard = no

ignoreregexpire = no

jbenable = no

jbforce = no

jblog = no

maxcallbitrate = 384

maxexpiry = 3600

minexpiry = 60

notifyringing = no

pedantic = no

promiscredir = no
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2.3 Digium-Asterisk Configuration (continued)

Provisioning
Dumps on SIP
Configuration
(continued)

recordhistory = yes
relaxdtmf = no
rtcachefriends = no
rtsavesysname = no
rtupdate = no
sendrpid = no
sipdebug = yes
tlmin = 100
t38pt_udptl = no
progressinband = no
trustrpid = no
usereqgphone = no
videosupport = no

; Note: Asterisk only uses the first host

;in SRV records

; Disabling DNS SRV lookups disables the
; ability to place SIP calls based on domain
; hames to some other SIP users on the Internet

;domain=mydomain.tld

; Set default domain for this host

; If configured, Asterisk will only allow

; INVITE and REFER to

non-local domains

; Use "sip show domains" to list local domains
;domain=mydomain.tld,mydomain-incoming

; Add domain and configure incoming context
; for external calls to this domain

:domain=1.2.3.4

; Add IP address as local domain

This section contains the registration information.

;allowexternalinvites=no
; Default is yes
;autodomain=yes

; Disable INVITE and REFER to non-local domains

: Turn this on to have Asterisk add local host

: name and local IP to domain list.

;pedantic=yes
; and multiline formatted

; Enable slow, pedantic checking for Pingtel
headers for strict

; SIP compatibility (defaults to "no")

;tos=184
;tos=lowdelay
;maxexpiry=3600
;defaultexpiry=120
n

; Set IP QoS to either a keyword or numeric val
; lowdelay,throughput,reliability,mincost,none

; Max length of incoming registration we allow

; Default length of incoming/outoing registratio
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2.3 Digium-Asterisk Configuration (continued)

Provisioning
Dumps on SIP
Configuration
(continued)

;notifymimetype=text/plain  ; Allow overriding of mime type in MWI NOTIFY
;checkmwi=10 ; Default time between mailbox checks for peers
;vmexten=voicemail ; dialplan extension to reach mailbox sets the

; Message-Account in the MWI notify message

; defaults to "asterisk"

;videosupport=yes ; Turn on support for SIP video
;recordhistory=yes ; Record SIP history by default

; (see sip history / sip no history)

;disallow=all ; First disallow all codecs

;allow=ulaw ; Allow codecs in order of preference

;allow=ilbc ;

;musicclass=default ; Sets the default music on hold class for all S
IP calls

; This may also be set for individual users/peers

;language=en ; Default language setting for all users/peers

; This may also be set for individual users/peers

;relaxdtmf=yes ; Relax dtmf handling

;rtptimeout=60 ; Terminate call if 60 seconds of no RTP activit
y

; when we're not on hold

;rtpholdtimeout=300 ; Terminate call if 300 seconds of no RTP activi
ty

; when we're on hold (must be > rtptimeout)

;trustrpid = no ; If Remote-Party-ID should be trusted

;sendrpid = yes ; If Remote-Party-ID should be sent
;progressinband=never ; If we should generate in-band ringing always

; use 'never' to never use in-band signalling, even in cases
; where some buggy devices might not render it

;useragent=Asterisk PBX ; Allows you to change the user agent string
;promiscredir = no ; If yes, allows 302 or REDIR to non-local SIP a
ddress

; Note that promiscredir when redirects are made to the

; local system will cause loops since SIP is incapable

; of performing a "hairpin” call.

;useregphone = no ; If yes, ";user=phone" is added to uri that con
tains

; a valid phone number
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2.3 Digium-Asterisk Configuration (continued)

Provisioning This section contains the DTMF information on Digium.

Dumps on SIP _ |

Configuration .dtmfmode = rfc2833 - Set default dtmfmode for sending DTMF. Default
(continued) - rfc2833

; Other options:

;info : SIP INFO messages

; inband : Inband audio (requires 64 kbit codec -alaw, ulaw)

; auto : Use rfc2833 if offered, inband otherwise

;compactheaders = yes ; send compact sip headers.

;sipdebug = yes ; Turn on SIP debugging by default, from

; the moment the channel loads this configuration

;subscribecontext = default ; Set a specific context for SUBSCRIBE requests
; Useful to limit subscriptions to local extensions

; Settable per peer/user also

;notifyringing = yes ; Notify subscriptions on RINGING state
Provisioning ;! Automatically generated configuration file
Dumps on User ;! Filename: users.conf (/etc/asterisk/users.conf)
Configuration :l Generator: Manager

;! Creation Date: Wed Sep 19 15:01:53 2007
!

[general]

trunkstyle = voip

fullname = New User

phone = none
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2.3 Digium-Asterisk Configuration (continued)

Provisioning This section contains the configuration file of user extension 6500.
Dumps on User
Configuration userbase = 6500
(continued) hasvoicemail = yes
hasdirectory = yes
hassip = yes
hasiax = yes

hasmanager = no
callwaiting = no
threewaycalling = no
localextenlength = 4
switchtype = national
usecallerid = yes
hidecallerid = no
usecallingpres = yes
canpark = yes
cancallforward = yes
callreturn = yes
echocancel = yes
echocancelwhenbridged = yes
rxgain = 0.0

txgain = 0.0
immediate = no
callwaitingcallerid = yes
transfer = yes
allow_aliasextns = no
allow_an_extns = no
hasagent = no

[6500]

callwaiting = no

cid_number = 4693876500
context = numberplan-custom-1
fullname = Asterisk 6500
signalling = fxo_ks

group =

hasagent = yes

hasdirectory = yes

hasiax = yes
hasmanager = no
hassip = yes

hasvoicemail = yes
host = dynamic
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2.3 Digium-Asterisk Configuration (continued)

mailbox = 6500
secret = 6500
threewaycalling = no
vmsecret = 1234
registeriax = yes
registersip = yes
autoprov = yes
canreinvite = no

nat = no

dtmfmode = rfc2833
macaddress = 0004214764
label = 6500

Provisioning
Dumps on User
Configuration
(continued)

This section contains the configuration file of user extension 6501.

[6501]

callwaiting = no

cid_number = 4693876501
context = numberplan-custom-2
fullname = Asterisk 6501
signalling = fxo_ks

group =

hasagent = yes

hasdirectory = yes

hasiax = yes
hasmanager = no
hassip = yes

hasvoicemail = yes
host = dynamic
mailbox = 6501
secret = 6501
threewaycalling = no
vmsecret = 1234
registeriax = yes
registersip = yes
macaddress = 0004f21476c8
autoprov = yes

label = 6501
canreinvite = no

nat = no

dtmfmode = rfc2833
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2.3 Digium-Asterisk Configuration (continued)

Provisioning This section contains the configuration file of Digium Trunk Group.
Dumps on User —

Configuration [Digium_Trk1]

(continued) allow = all

context = DID_Digium_Trk1
dialformat = ${EXTEN:1}
hasexten = no

hasiax = no

hassip = yes

host = 205.158.163.231
port = 5060

registeriax = no
registersip = no
trunkname = Custom-XO
trunkstyle = customvoip
username = Cusom-XO
fromuser = 4693876500

This section contains the configuration file of user extension 6502.

[6502]

callwaiting = no
cid_number = 4693876502
fullname = Asterisk 6502
Oas agent = fxo_ks

rxgain = 0.0
txgain = 0.0
group =

Oas agent = yes
hasdirectory = yes

hasiax = yes
hasmanager = no
hassip = yes

hasvoicemail = yes
host = dynamic
mailbox = 6502
secret = 6502
threewaycalling = no
zapchan =1
registeriax = yes
registersip = yes
autoprov = no
canreinvite = no

nat = no

dtmfmode = rfc2833
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2.3 Digium-Asterisk Configuration (continued)

Provisioning
Dumps on Phone
Configuration

Dumps on
Voicemail
Configuration

This section will contain the Polycom SIP phone configuration file of the:

[general]
;serveraddr=192.168.1.1 ; Address to send to the phone to use as server address.
serveriface=ethl ; Same as above, except an ethernet interface. Useful f

or when the interface uses DHCP.
; There is no default for either of the above, and only
one should be set.
;serverport=5060 ; Port to send to the phone to use as server port. Defa
ult is 5060.

This section contains the default configuration on Digium Voicemail, and how to
configure the optional parts on the Voicemail.

;1 Automatically generated configuration file
;! Filename: voicemail.conf (/etc/asterisk/voicemail.conf)
;1 Generator: Manager

;! Creation Date: Mon Aug 27 21:42:27 2007
-l

; Voicemail Configuration

; NOTE: Asterisk has to edit this file to change a user's password. This does
; hote currently work with the "#include <file>" directive for Asterisk

; configuration files. Do not use it with this configuration file.

[general]

; Default formats for writing Voicemail

;format=g723sflwav49|wav

format = ulaw

; WARNING:

; If you change the list of formats that you record voicemail in

; when you have mailboxes that contain messages, you MUST _ absolutely
; manually go through those mailboxes and convert/delete/add the

; the message files so that they appear to have been stored using

; your new format list. If you don't do this, very unpleasant

; things may happen to your users while they are retrieving and

; manipulating their voicemail.

; In other words: don't change the format list on a production system
; unless you are _VERY_ sure that you know what you are doing and are
; prepared for the consequences.
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2.3 Digium-Asterisk Configuration (continued)

Dumps on
Voicemail
Configuration
(continued)

; Who the e-mail notification should appear to come from

serveremail = asterisk

;serveremail=asterisk@linux-support.net

; Should the email contain the voicemail as an attachment

attach = yes

maxmsg = 25

maxmessage = 120

; Minimum length of a voicemail message in seconds for the message to be kept
; The default is no minimum.

minmessage = 0

; Maximum length of greetings in seconds

;maxgreet=60

; How many miliseconds to skip forward/back when rew/ff in message playback
skipms = 3000

; How many seconds of silence before we end the recording

maxsilence = 10

; Silence threshold (what we consider silence, the lower, the more sensitive)
silencethreshold = 128

; Max number of failed login attempts

maxlogins = 3

; If you need to have an external program, i.e. /usr/bin/myapp called when a
; voicemail is left, delivered, or your voicemailbox is checked, uncomment

; this:

;externnotify=/usr/bin/myapp

; If you need to have an external program, i.e. /usr/bin/myapp called when a
; voicemail password is changed, uncomment this:
;externpass=/usr/bin/myapp

; For the directory, you can override the intro file if you want
;directoryintro=dir-intro

; The character set for voicemail messages can be specified here
;charset=IS0O-8859-1

; The ADSI feature descriptor number to download to

;adsifdn=0000000F

; The ADSI security lock code

;adsisec=9BDBF7AC

; The ADSI voicemail application version number.

;adsiver=1

; Skip the "[PBX]:" string from the message title

;pbxskip=yes

; Change the From: string

;fromstring=The Asterisk PBX

; Permit finding entries for forward/compose from the directory
;usedirectory=yes
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2.3 Digium-Asterisk Configuration (continued)

Dumps on
Voicemail
Configuration
(continued)

; Change the from, body and/or subject, variables:

; VM_NAME, VM_DUR, VM_MSGNUM, VM_MAILBOX, VM_CALLERID,
VM_CIDNUM,

;  VM_CIDNAME, VM_DATE

; Note: The emailbody config row can only be up to 512 characters due to a

; limitation in the Asterisk configuration subsystem.

;emailsubject=[PBX]: New message ${VM_MSGNUM} in mailbox ${VM_MAILBOX}
; The following definition is very close to the default, but the default shows

; just the CIDNAME, if it is not null, otherise just the CIDNUM, or "an unknown
; caller", if they are both null.

;emailbody=Dear ${VM_NAME}:\n\n\tjust wanted to let you know you were just
left a ${VM_DUR} long message (number ${VM_MSGNUM})\nin mailbox
${VM_MAILBOX]} from ${

VM_CALLERID}, on ${VM_DATE}, so you might\nwant to check it when you get
a chanc

e. Thankshn\n\t\t\t\t--Asterisk\n

; You can also change the Pager From: string, the pager body and/or subject.

; The above defined variables also can be used here

;pagerfromstring=The Asterisk PBX

;pagersubject=New VM

;pagerbody=New ${VM_DUR} long msg in box ${VM_MAILBOX}nfrom
${VM_CALLERID}, on

${VM_DATE}

; Set the date format on outgoing mails. Valid arguments can be found on the
; strftime(3) man page

; Default

emaildateformat = %A, %B %d, %Y at %r

; 24h date format

:emaildateformat=%A, %d %B %Y at %H:%M:%S

; You can override the default program to send e-mail if you wish, too

mailcmd = /bin/ssmtp

; Users may be located in different timezones, or may have different

; message announcements for their introductory message when they enter
; the voicemail system. Set the message and the timezone each user

; hears here. Set the user into one of these zones with the tz= attribute
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2.3 Digium-Asterisk Configuration (continued)

Dumps on
Voicemail
Configuration
(continued)

; in the options field of the mailbox. Of course, language substitution
; still applies here so you may have several directory trees that have
; alternate language choices.

; Look in /usr/share/zoneinfo/ for names of timezones.
; Look at the manual page for strftime for a quick tutorial on how the
; variable substitution is done on the values below.

; Supported values:
; 'filename’ filename of a soundfile (single ticks around the filename

${VAR}
;Aora

required)
variable substitution
Day of week (Saturday, Sunday, ...)

; Borborh Month name (January, February, ...)

;dore
'Y
clorl

;Porp
; Q

.q
‘R

numeric day of month (first, second, ..., thirty-first)
Year
Hour, 12 hour clock
Hour, 24 hour clock (single digit hours preceded by "oh")
Hour, 24 hour clock (single digit hours NOT preceded by "oh")
Minute, with 00 pronounced as "o'clock"
Minute, with 00 pronounced as "hundred" (US military time)
AM or PM
"today", "yesterday" or ABdY
(*note: not standard strftime value)
" (for today), "yesterday", weekday, or ABdY
(*note: not standard strftime value)
24 hour time, including minute

; Each mailbox is listed in the form
<mailbox>=<password>,<name>,<email>,<pager_

email>,<options>

; if the e-mail is specified, a message will be sent when a message is

; received, to the given mailbox. If pager is specified, a message will be
; sent there as well. If the password is prefixed by '-', then it is

; considered to be unchangable.

; Advanced options example is extension 4069
; NOTE: All options can be expressed globally in the general section, and
; overriden in the per-mailbox settings, unless listed otherwise.
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2.3 Digium-Asterisk Configuration (continued)

Dumps on
Voicemail
Configuration
(continued)

; tz=central ; Timezone from zonemessages above. Irrelevant if envel
ope=no.

; attach=yes ; Attach the voicemail to the notification email *NOT* t
he pager email

; saycid=yes ; Say the caller id information before the message. If n

ot described,

;  orsetto no, it will be in the envelope

; cidinternalcontexts=intern ; Internal Context for Name Playback instead of
extension digits when saying caller id.

; sayduration=no ; Turn on/off the duration information before the messag
€. [ON by default]

; saydurationm=2 ; Specify the minimum duration to say. Default is 2 minu
tes

; dialout=fromvm ; Context to dial out from [option 4 from the advanced m
enu]

;  if not listed, dialing out will not be permitted

sendvoicemail = yes ; Context to Send voicemail from [option 5 from the

advance

d menu]

maxgreet = 60

; if not listed, sending messages from inside voicemail will not be

; permitted

; searchcontexts=yes ; Current default behavior is to search only the default
context

; if one is not specified. The older behavior was to search all contexts.

; This option restores the old behavior [DEFAULT=n0]

; callback=fromvm ; Context to call back from

;  if not listed, calling the sender back will not be permitted

; review=yes ; Allow sender to review/rerecord their message before s
aving it [OFF by default

; operator=yes ; Allow sender to hit 0 before/after/during leaving a v
oicemail to

;  reach an operator [OFF by default]

; envelope=no ; Turn on/off envelope playback before message playback.

[ON by default]

; This does NOT affect option 3,3 from the advanced options menu

; delete=yes ; After notification, the voicemail is deleted from the

server. [per-mailbox only]

; This is intended for use with users who wish to receive their voicemail ON
LY by email.

; nextaftercmd=yes ; Skips to the next message after hitting 7 or 9 to dele
te/save current message.

;  [global option only at this time]

; forcename=yes ; Forces a new user to record their name. A new user is
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2.3 Digium-Asterisk Configuration (continued)

Dumps on
Voicemail
Configuration
(continued)

;  determined by the password being the same as

;  the mailbox number. The default is "no".

; forcegreetings=no ; This is the same as forcename, except for recording
;  greetings. The default is "no".

; hidefromdir=yes ; Hide this mailbox from the directory produced by app_d
irectory

; The default is "no".

[zonemessages]

eastern = America/New_York|'vm-received' Q 'digits/at' IMp

central = America/Chicago|'vm-received' Q 'digits/at' IMp

central24 = America/Chicago|'vm-received' q 'digits/at' H N 'hours'

military = Zulu|'vm-received' g 'digits/at' H N 'hours' 'phonetic/z_p'

[default]

; Define maximum number of messages per folder for partcular context.
;maxmsg=50

1234 => 4242 ,Example Mailbox,root@localhost

;4200 => 9855,Mark Spencer,markster@linux-
support.net,mypager@digium.com,attach=
no|serveremail=myaddy@digium.com|tz=central|maxmsg=10

;4300 => 3456,Ben Rigas,ben@american-computer.net

14310 => -5432,Sales,sales@marko.net

;4069 => 6522, Matt
Brooks,matt@marko.net,,|tz=central|attach=yes|saycid=yes|dial
out=fromvm|callback=fromvm|review=yes|operator=yes|envelope=yes|sayduration=yes|
saydurationm=1

;4073 => 1099,Bianca Paige,bianca@biancapaige.com,,delete=1
;4110 => 3443,Rob Flynn,rflynn@blueridge.net

; Mailboxes may be organized into multiple contexts for
; voicemail virtualhosting

[other]

;The intro can be customized on a per-context basis
;directoryintro=dir-company?2

1234 => 5678,Company?2 User,root@localhost
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3. Testing of Digium Asterisk Appliance IP PBX, Software Version 1.1.1

3.1 Software and Hardware Versions Tested

Cisco 2432 IAD CPE used as a router
Cisco 2432 Software Version: Cisco 10S Software, 2400 Software (C2430-1S-M), Version
12.4(7e), RELEASE SOFTWARE (fc5)
System image file is "flash:c2430-is-mz.124-7e.bin"
Cisco IAD2432 (R527x) processor (revision 4.1) with 119808K/11264K bytes of memory.
Processor board ID FHK1012F04P
R527x CPU at 225MHz, Implementation 40, Rev 3.1
DRAM configuration is 64 bits wide with parity disabled.
63K bytes of non-volatile configuration memory.
62720K bytes of ATA System CompactFlash (Read/Write)
OK bytes of ATA Slot0 CompactFlash (Read/Write)
Slot 0: C2400 Mother board 24FXS-2F-2FE (3 onboard DSPs) Port
adapter, 33 ports
Version Identifier : V01

WIC Slot O:
T1 (2 port) Multi-Flex Trunk WAN daughter card
Hardware revision 1.0 Board revision BO

Digium Asterisk Appliance 50 (AA50) 50
a. hardware No: S844i Rev: B1
b. The software: OS Version: Linux asteriskpbx 2.6.16.27sx00i-1.1.1
Asterisk Build: Asterisk Autotag for sx00i-1.1.1

Polycom SIP Phone & Analog Phone
Polycom IP 430 release 2.2.1 revision C
LAN Port Mode: 100FD
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3.2  Diagram of Lab Test Set-Up for Digium Asterisk Appliance IP PBX, Software
Version 1.1.1

The following diagram is used during lab testing to depict the configuration of Digium Asterisk Appliance
50 (AA50) deployed with Cisco2432 IAD CPE:

192.192.192.2
XO Communications IP
Network
Ser 1/0:0 FE0/0 GW IP Address:
207.150.135.1
Cisco 2432 IAD,
l Broadworks
Digium-Asterisk 50
LAN DHCP =
! WAN
192.168.69.2 ¥ 2071501352
GW IP Address: ~~ ° oo i
192.168.69.1
Q Q Analog Phone

IP Address: 192. 1P Address: 192.

168.69.52 168.69.53

4693876502
4693876500 4693876501
Polycom
IP Phone
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3.3 Digium-Asterisk Configuration for Software Version 1.1.1

This section contains GUI and dump configuration on phone provisioning, service provider, users,
voicemail and sip configuration.

¥ asterisk GUI -- Local Extension Settings - Mozilla Firefox

REI
Elle Edit ‘ew History Bookmarks Tools Help
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%7 My Yahoo! | | IT Help Desk'wWeb 4 Cisco Academy

]
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23 Users

EH
32 Incoming Calls
33 Networking

23 Active Channels
System Info

2 File Editor
oz Asterisk CLI

a2 Glohal SIP Settings

32 Global IAX Settings

Admin Settings

Admin Options

Local Extension settings

Local Extension Settings

Change Password

About Digium
Apply Changes

Move the mouse over to a figld to see tooltips

Local Extensions are

First Extension Mumber : | 6500

Operatar Extension ;[ Asterisk 6507 [B507) =
™ Allow analog phones to be assigned to multiple extensions

I™ Allow extensinns to be AlphaMurmeric (SIPA&K users)

— Agent Login Setings:

Agent Login Extension
Agent Callback Login Extension
Agent Logout

L1
1
See Tooltip

— Default Settings for a Mew User
I Is Agent

¥ In Directary
[ P

I callvaiting

a3

[ *oiceMail Password

Voicemail
CTI

1A

3-wWay Calling

Save | Cancel

=

| http: /192,168,691 /staticfconfigllocalexts, hkml#

wstartl Inhox - Microsaft Outlook I |33 C:\Documents and Settin. .. II‘ Asterisk GUI -- Local ...

Digum_1.1.1_Config_Gui...

[C@2AD =& L3 amem

Figure 1: Show the Admin Settings
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&) Asterisk GUI -- Network Settings - Mozilla Firefox & x|
File Edit ‘ew History Bookmarks Tools Help
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5

32 Calling Rules

323 Incoming Calls

Configures netvwarking
parameters

33 System Info

[2s Asipriscll |

Configuration

M A LD meZons Oeerationivons Mave the mouse over to a field to see tooltips
Hostname |asteriskpbx
NTP Server I—
SSH M Enable S5H

About Digium

Apply Changes

LIEL for Polycom

auto provisioning: Ihtlp.f’,"‘l 92.1658.69.1/phoneprc
Save | Cancel

=]

Done

|

wstartl Inbox - Microsoft Qutlook | |53 C:\Documents and Settin, .. ||ﬁ Asterisk GUI -- Netwo... Digumn_1.1.1_Config_Gui...

C@ A=Y B LI as2am

Figure 2: Show Networking Configuration

XO COMMUNICATIONS CONFIDENTIAL

33



x Q Communications

XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

%) asterisk GUI -- System Info - Mozilla Firefox & x|
File Edit ‘ew History Bookmarks Tools Help
@ - E> - @ @ ﬁ} |L§‘J http: /192, 168,69, 1/static/configicFgbasic  html |'| b] "|Google |L-\,]
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General feonfig Resources 5800i Config

0S Version:
Linuxz asteriskpbz 2.6.16.273=001-1.1.1 #6 Thu Hawy 8 08:46:07
CDT 2008 blackfin unknown

R Uptime:
EaRcallinglEnles 15:01:02 up 9 days, 18:24,
323 Incoming Calls Load Awerage: 0.04. 0.01. 0 00

23 Networking

22 Yoice Menus
22 Record a Menu
22 Call Parking

28 Ring Groups

28 Active Channels

32 System Info
System Information.

Asterisk Build:
Asterisk 1.1.1 {=s=00i 1.1.1)

Asterisgk GUI-version Revision: 2567 §

Server Date & TimeZone: Thu jul 10, 10:1 2008

Hostname:
asteriskpbx

a2 Backup
32 Update

22 File Editor

[2s Asipriscll |

About Digium
Apply Changes

#Move the mouse ower to a field to see tooltips

=]

|

Done

&jstartl Inbux: - Microsoft Outlogk | |5 C:\Documents and Settin, . ||Q Asterisk GUI —- Syste... Digum_t.1.1_Config_Gui...

Figure 3: Show System Info.

C@ A=Y B LI a53am
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) Asterisk GUI -- Service Providers - Mozilla Firefox

File Edit ‘ew History Bookmarks Tools Help
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Service Providers

S Mo Service Provider Type

32 Call Queues 1 Custam-%0 Custam Voip

o2 Service Providers
Setvice Providers are
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calls to the real world
Trurks can be ValP ngs or
traditionsl telephony lines.

32 Calling Rules

33 Incoming Calls

Add Service Provider

2 Asteriskcll |

List of Service Providers

|»

Apply Changes

#Move the mouse ower to a field to see tooltips

]

Done

|

wstartl Inbiox - Microsaft Outlook I @ Ci\Documents and Settin, ., I 0 Asterisk GUI — Service P, ., | @ Digum_1.1.1_Config_Gui.. |

O@3IILYR L 9man

Figure 4: Show the configuration of the Service Provider

The Digium-Asterisk uses G711 ulaw

XO COMMUNICATIONS CONFIDENTIAL

35



x Q Communications

XO® SIP Service Customer Configuration Guide, v2,

for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1
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22 Home

22 Users
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System Info
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EH

EH
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22 Active Channels
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Service Providers
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Provider Type:

|»

About Digium
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Move the mouse over to a figld to see tooltips

[ Analog © yvalP @ Custom ValP

Cormment:

Protocol
Register. [~
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Usermame:
Password: [ ]

Save I Cancel

=

Done

|

wstartl Inhox - Microsaft Outlaok I |33 C:\Documents and Settin. .. II‘ Asterisk GUI -- Servic...

Digum_1.1.1_Config_Gui...

Ol@ 2. D=l [ @ 255 596 am

Figure 5: Show how to edit a Service Provider information

The SIP Protocol is used. The register box is not checked since it is static registration.
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About Digium
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22 Record a Menu
32 Call Parking
33 Ring Groups

22 Active Channels
33 System Info

Adld a Calling Rule |
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==}
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Figure 6: Show the configuration of the Outbound Calling Rules

Local number are begun with 9 and Long distance with a 91.
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¥ asterisk GUI -- Yoicemail - Mozilla Firefox =] x|
File Edit ‘ew History Bookmarks Tools Help
@ = @ ] G} | (%) hitpif{192.168.69.1 staticjcorfigjcFabasic.himl [=[ B [Cl-[so0ge [«
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22 Yoicemail
General settings for
woicemail

32 Calling Rules
23 Ring Groups

a
H
H
o2 Yoice Menus
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a
H

VoiceMail Settings:

4693876500 — Custom
4693876501 — Custom
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E002 — 4693876002
6003 — 4693876003
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— Message Options:

Maximum messages: [25 -]
iperfolden
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— Playback Options:

Send messages by e-mail only
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aaoon0

SAMTP Settings

ﬂl Cancel I

|»

Abeut Digium
Apply Changes

#Move the mouse ower to a field to see tooltips

]

@3IIHUD T san

Figure 7: Show the configuration of VoiceMail.

The Attach recordings to email is selected. Maximum messages per folder and message time can be
selected the drop down box.
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Figure 8: Show the configuration of the User Extensions

Each user can be edited in the Edit option.

@ 2= @ %3 sezam
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Figure 9: Show how to edit a user information

The Dial Plan is selected using the user extension. The Phone Serial is in the back of Polycom SIP
Phone.
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Figure 10: Show the configuration of the Incoming Calls for each user extension

Each user extension is configured to have its own rule for incoming call.
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Figure 11: Show the configuration of the Auto Attendant

The new step in the greeting menu can be added in the Add a new Step drop down box.
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Figure 12: Show the configuration of the Hunt Group

The users are added into the Add Ring Group. It has two Strategies: Ring in Order: will ring the first
agent in first list, if it's not answered in 4 rings, it will ring the second user. Ring All option: all the users in
the Add Ring Group will ring simultaneously.
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Provisioning Dumps on SIP configuration:

This is the automatically generated configuration file in Digium appliance. This file will contain all the
default SIP configuration information.

;! Filename: sip.conf (/etc/asterisk/sip.conf)
;1 Generator: Manager

;1 Creation Date: Tue Sep 11 19:48:47 2007
.|

[general]
context = default ; Default context for incoming calls
;allowguest=no ; Allow or reject guest calls (default is yes, t

his can also be set to 'osp’

; if asterisk was compiled with OSP support.
;realm=mydomain.tld ; Realm for digest authentication
; defaults to "asterisk"

; Realms MUST be globally unique according to RFC 3261
; Set this to your host name or domain name

bindport = 5060 ; UDP Port to bind to (SIP standard port is 5060)
bindaddr = 0.0.0.0 ; IP address to bind to (0.0.0.0 binds to all)
srvlookup = yes ; Enable DNS SRV lookups on outbound calls
allowexternaldomains = no

allowexternalinvites = no

allowguest = yes

allowoverlap = yes

allowsubscribe = no

allowtransfer = yes

alwaysauthreject = no

autodomain = no

callevents = no

compactheaders = no

dumphistory = yes

g726nonstandard = no

ignoreregexpire = no

jbenable = no

jbforce = no

jblog = no

maxcallbitrate = 384

maxexpiry = 3600

minexpiry = 60

notifyringing = no

pedantic = no

promiscredir = no

recordhistory = yes

relaxdtmf = no

rtcachefriends = no

rtsavesysname = no

rtupdate = no

sendrpid = no

sipdebug = yes

tlmin = 100

t38pt_udptl = no

progressinband = no
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trustrpid = no

usereqgphone = no

videosupport = no

; Note: Asterisk only uses the first host

; in SRV records

; Disabling DNS SRV lookups disables the

; ability to place SIP calls based on domain

; hames to some other SIP users on the Internet
;domain=mydomain.tld ; Set default domain for this host
; If configured, Asterisk will only allow

; INVITE and REFER to non-local domains

; Use "sip show domains" to list local domains
;domain=mydomain.tld,mydomain-incoming

; Add domain and configure incoming context

; for external calls to this domain

;domain=1.2.3.4 ; Add IP address as local domain

This section contains the registration information

;allowexternalinvites=no ; Disable INVITE and REFER to non-local domains
; Default is yes

;autodomain=yes ; Turn this on to have Asterisk add local host

; hame and local IP to domain list.

;pedantic=yes ; Enable slow, pedantic checking for Pingtel

; and multiline formatted headers for strict
; SIP compatibility (defaults to "no")

;tos=184 ; Set IP QoS to either a keyword or numeric val
;tos=lowdelay ; lowdelay,throughput,reliability,mincost,none
;maxexpiry=3600 ; Max length of incoming registration we allow
;defaultexpiry=120 ; Default length of incoming/outoing registratio

n

;notifymimetype=text/plain  ; Allow overriding of mime type in MWI NOTIFY
;checkmwi=10 ; Default time between mailbox checks for peers
;vmexten=voicemail ; dialplan extension to reach mailbox sets the

; Message-Account in the MWI notify message
; defaults to "asterisk"

;videosupport=yes ; Turn on support for SIP video
;recordhistory=yes ; Record SIP history by default

; (see sip history / sip no history)

;disallow=all ; First disallow all codecs

;allow=ulaw ; Allow codecs in order of preference

;allow=ilbc ;

;musicclass=default ; Sets the default music on hold class for all S
IP calls

; This may also be set for individual users/peers

;language=en ; Default language setting for all users/peers

; This may also be set for individual users/peers

;relaxdtmf=yes ; Relax dtmf handling

;rtptimeout=60 ; Terminate call if 60 seconds of no RTP activit
y

; when we're not on hold

;rtpholdtimeout=300 ; Terminate call if 300 seconds of no RTP activi
ty

; when we're on hold (must be > rtptimeout)

;trustrpid = no ; If Remote-Party-ID should be trusted

;sendrpid = yes ; If Remote-Party-ID should be sent
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;progressinband=never ; If we should generate in-band ringing always
; use 'never' to never use in-band signalling, even in cases
; where some buggy devices might not render it

;useragent=Asterisk PBX ; Allows you to change the user agent string
;promiscredir = no ; If yes, allows 302 or REDIR to non-local SIP a
ddress

; Note that promiscredir when redirects are made to the

; local system will cause loops since SIP is incapable

; of performing a "hairpin” call.

;useregphone = no ; If yes, ";user=phone" is added to uri that con
tains

; a valid phone number

This section contains the DTMF information on Digium

;dtmfmode = rfc2833 ; Set default dtmfmode for sending DTMF. Default
: rfc2833

; Other options:

; info : SIP INFO messages

; inband : Inband audio (requires 64 kbit codec -alaw, ulaw)

; auto : Use rfc2833 if offered, inband otherwise

;compactheaders = yes ; send compact sip headers.

;Sipdebug = yes ; Turn on SIP debugging by default, from

; the moment the channel loads this configuration

;subscribecontext = default ; Set a specific context for SUBSCRIBE requests
; Useful to limit subscriptions to local extensions

; Settable per peer/user also

;notifyringing = yes ; Notify subscriptions on RINGING state

Provisioning Dumps on Users Configuration:

;1 Automatically generated configuration file

;1 Filename: users.conf (/etc/asterisk/users.conf)
;1 Generator: Manager

;! Creation Date: Wed Sep 19 15:01:53 2007

i

[general]

trunkstyle = voip

fullname = New User

phone = none

- This section contains the configuration file of user extension 6500:

userbase = 6500
hasvoicemail = yes
hasdirectory = yes
hassip = yes

hasiax = yes
hasmanager = no
callwaiting = no
threewaycalling = no
localextenlength = 4
switchtype = national
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usecallerid = yes
hidecallerid = no
usecallingpres = yes
canpark = yes
cancallforward = yes
callreturn = yes
echocancel = yes
echocancelwhenbridged = yes
rxgain = 0.0

txgain = 0.0

immediate = no
callwaitingcallerid = yes
transfer = yes
allow_aliasextns = no
allow_an_extns = no
hasagent = no

[6500]

callwaiting = no
cid_number = 4693876500
context = numberplan-custom-1
fullname = Asterisk 6500
signalling = fxo_ks

group =

hasagent = yes
hasdirectory = yes

hasiax = yes

hasmanager = no

hassip = yes

hasvoicemail = yes

host = dynamic

mailbox = 6500

secret = 6500
threewaycalling = no
vmsecret = 1234
registeriax = yes
registersip = yes

autoprov = yes

canreinvite = no

nat = no

dtmfmode = rfc2833
macaddress = 0004214764
label = 6500

- This section contains the configuration file of user extension 6501:

[6501]

callwaiting = no

cid_number = 4693876501
context = numberplan-custom-2
fullname = Asterisk 6501
signalling = fxo_ks

group =

hasagent = yes

hasdirectory = yes

hasiax = yes
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hasmanager = no
hassip = yes
hasvoicemail = yes
host = dynamic
mailbox = 6501
secret = 6501
threewaycalling = no
vmsecret = 1234
registeriax = yes
registersip = yes
macaddress = 0004f21476c8
autoprov = yes

label = 6501
canreinvite = no

nat = no

dtmfmode = rfc2833

- This section contains the configuration file of Digium Trunk Group

[Digium_Trk1]

allow = all

context = DID_Digium_Trk1
dialformat = ${EXTEN:1}
hasexten = no

hasiax = no

hassip = yes

host = 205.158.163.231
port = 5060

registeriax = no
registersip = no
trunkname = Custom-XO
trunkstyle = customvoip
username = Cusom-XO
fromuser = 4693876500

- This section contains the configuration file of user extension 6502

[6502]

callwaiting = no
cid_number = 4693876502
fullname = Asterisk 6502
(as agent = fxo_ks

rxgain = 0.0
txgain = 0.0
group =

[las agent = yes
hasdirectory = yes

hasiax = yes
hasmanager = no
hassip = yes

hasvoicemail = yes
host = dynamic
mailbox = 6502
secret = 6502
threewaycalling = no
zapchan =1
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registeriax = yes
registersip = yes
autoprov = no
canreinvite = no

nat = no

dtmfmode = rfc2833

Provisioning Dumps on Phone Configuration:
This section will contain the Polycom SIP phone configuration file of the:

[general]
;serveraddr=192.168.1.1 ; Address to send to the phone to use as server address.
serveriface=eth1 ; Same as above, except an ethernet interface. Useful f

or when the interface uses DHCP.
; There is no default for either of the above, and only
one should be set.
;serverport=5060 ; Port to send to the phone to use as server port. Defa
ult is 5060.

Dumps on Voicemail Configuration:

- This section contains the default configuration on Digium Voicemail, and how to configure the
optional parts on the Voicemail

;1 Automatically generated configuration file
;! Filename: voicemail.conf (/etc/asterisk/voicemail.conf)
;1 Generator: Manager

;! Creation Date: Mon Aug 27 21:42:27 2007
‘|

; Voicemail Configuration

; NOTE: Asterisk has to edit this file to change a user's password. This does
; note currently work with the "#include <file>" directive for Asterisk

; configuration files. Do not use it with this configuration file.

[general]

; Default formats for writing Voicemail

;format=g723sf|lwav49|wav

format = ulaw

; WARNING:

; If you change the list of formats that you record voicemail in

; when you have mailboxes that contain messages, you _MUST _ absolutely
; manually go through those mailboxes and convert/delete/add the

; the message files so that they appear to have been stored using

; your new format list. If you don't do this, very unpleasant

; things may happen to your users while they are retrieving and

; manipulating their voicemail.

; In other words: don't change the format list on a production system
; unless you are _VERY_ sure that you know what you are doing and are
; prepared for the consequences.

; Who the e-mail notification should appear to come from
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serveremail = asterisk

;serveremail=asterisk@linux-support.net

: Should the email contain the voicemail as an attachment

attach = yes

maxmsg = 25

maxmessage = 120

; Minimum length of a voicemail message in seconds for the message to be kept
; The default is no minimum.

minmessage = 0

; Maximum length of greetings in seconds

;maxgreet=60

; How many miliseconds to skip forward/back when rew/ff in message playback
skipms = 3000

; How many seconds of silence before we end the recording

maxsilence = 10

; Silence threshold (what we consider silence, the lower, the more sensitive)
silencethreshold = 128

; Max number of failed login attempts

maxlogins = 3

; If you need to have an external program, i.e. /usr/bin/myapp called when a
; voicemall is left, delivered, or your voicemailbox is checked, uncomment

; this:

;externnotify=/usr/bin/myapp

; If you need to have an external program, i.e. /usr/bin/myapp called when a
; voicemail password is changed, uncomment this:
;externpass=/usr/bin/myapp

; For the directory, you can override the intro file if you want
;directoryintro=dir-intro

; The character set for voicemail messages can be specified here
;charset=1SO-8859-1

; The ADSI feature descriptor number to download to

;adsifdn=0000000F

; The ADSI security lock code

;adsisec=9BDBF7AC

; The ADSI voicemail application version number.

;adsiver=1

; Skip the "[PBX]:" string from the message title

;pbxskip=yes

; Change the From: string

;fromstring=The Asterisk PBX

; Permit finding entries for forward/compose from the directory
;usedirectory=yes

; Change the from, body and/or subject, variables:
i VM_NAME, VM_DUR, VM_MSGNUM, VM_MAILBOX, VM_CALLERID, VM_CIDNUM,
;  VM_CIDNAME, VM_DATE

; Note: The emailbody config row can only be up to 512 characters due to a

; limitation in the Asterisk configuration subsystem.

;emailsubject=[PBX]: New message ${VM_MSGNUM} in mailbox ${VM_MAILBOX}

; The following definition is very close to the default, but the default shows

; just the CIDNAME, if it is not null, otherise just the CIDNUM, or "an unknown

; caller”, if they are both null.

;emailbody=Dear ${VM_NAME}:\n\n\tjust wanted to let you know you were just left

a ${VM_DUR} long message (number ${VM_MSGNUM})\nin mailbox ${VM_MAILBOX} from ${
VM_CALLERID}, on ${VM_DATE}, so you might\nwant to check it when you get a chanc
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e. Thanks\n\n\t\t\t\t--Asterisk\n

; You can also change the Pager From: string, the pager body and/or subject.

; The above defined variables also can be used here

;pagerfromstring=The Asterisk PBX

;pagersubject=New VM

;pagerbody=New ${VM_DUR} long msg in box ${VM_MAILBOX}nfrom ${VM_CALLERID}, on
${VM_DATE}

; Set the date format on outgoing mails. Valid arguments can be found on the
; stritime(3) man page

; Default

emaildateformat = %A, %B %d, %Y at %r

; 24h date format

:emaildateformat=%A, %d %B %Y at %H:%M:%S

; You can override the default program to send e-mail if you wish, too

mailcmd = /bin/ssmtp

; Users may be located in different timezones, or may have different

; message announcements for their introductory message when they enter
; the voicemail system. Set the message and the timezone each user

; hears here. Set the user into one of these zones with the tz= attribute

; in the options field of the mailbox. Of course, language substitution

; still applies here so you may have several directory trees that have

; alternate language choices.

: Look in /usr/share/zoneinfo/ for names of timezones.
; Look at the manual page for strftime for a quick tutorial on how the
; variable substitution is done on the values below.

; Supported values:

; 'filename’  filename of a soundfile (single ticks around the filename
; required)

; ${VAR} variable substitution

;Aora Day of week (Saturday, Sunday, ...)

; Borborh Month name (January, February, ...)

;dore numeric day of month (first, second, ..., thirty-first)

'Y Year

;lorl Hour, 12 hour clock

i H Hour, 24 hour clock (single digit hours preceded by "oh")

K Hour, 24 hour clock (single digit hours NOT preceded by "oh")
i M Minute, with 00 pronounced as "o'clock”

i\ Minute, with 00 pronounced as "hundred" (US military time)
;Porp AM or PM

; Q "today", "yesterday" or ABdY

; (*note: not standard strftime value)

i q (for today), "yesterday", weekday, or ABdY
; (*note: not standard strftime value)
'R 24 hour time, including minute

; Each mailbox is listed in the form <mailbox>=<password>,<name>,<email>,<pager_
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email>,<options>

; if the e-mail is specified, a message will be sent when a message is

; received, to the given mailbox. If pager is specified, a message will be
; sent there as well. If the password is prefixed by -, then it is

; considered to be unchangable.

; Advanced options example is extension 4069
; NOTE: All options can be expressed globally in the general section, and
; overriden in the per-mailbox settings, unless listed otherwise.

; tz=central ; Timezone from zonemessages above. Irrelevant if envel
ope=no.

; attach=yes ; Attach the voicemail to the notification email *NOT* t
he pager email

; saycid=yes ; Say the caller id information before the message. If n

ot described,

;  orsetto no, it will be in the envelope

; cidinternalcontexts=intern ; Internal Context for Name Playback instead of
extension digits when saying caller id.

; sayduration=no ; Turn on/off the duration information before the messag
e. [ON by default]

; saydurationm=2 ; Specify the minimum duration to say. Default is 2 minu
tes

; dialout=fromvm ; Context to dial out from [option 4 from the advanced m
enu]

;  if not listed, dialing out will not be permitted

sendvoicemail = yes ; Context to Send voicemail from [option 5 from the advance

d menu]

maxgreet = 60

; if not listed, sending messages from inside voicemail will not be

; permitted

; searchcontexts=yes ; Current default behavior is to search only the default
context

; if one is not specified. The older behavior was to search all contexts.

; This option restores the old behavior [DEFAULT=n0]

; callback=fromvm ; Context to call back from

;  if not listed, calling the sender back will not be permitted

; review=yes ; Allow sender to review/rerecord their message before s
aving it [OFF by default

; operator=yes ; Allow sender to hit O before/after/during leaving a v
oicemail to

;  reach an operator [OFF by default]

; envelope=no ; Turn on/off envelope playback before message playback.

[ON by default]

;  This does NOT affect option 3,3 from the advanced options menu

; delete=yes ; After notification, the voicemail is deleted from the
server. [per-mailbox only]

;  Thisis intended for use with users who wish to receive their voicemail ON
LY by email.

; nextaftercmd=yes ; Skips to the next message after hitting 7 or 9 to dele
te/save current message.

;  [global option only at this time]

; forcename=yes ; Forces a new user to record their name. A new user is
; determined by the password being the same as

;  the mailbox number. The default is "no".

; forcegreetings=no ; This is the same as forcename, except for recording

XO COMMUNICATIONS CONFIDENTIAL 53



;( Qj L ot XO® SIP Service Customer Configuration Guide, v2,
for Digium Asterisk Appliance 50 (AA50) 50 (AA50) IP PBX versions 1.0.3.1 and 1.1.1

;  greetings. The default is "no".

; hidefromdir=yes ; Hide this mailbox from the directory produced by app_d
irectory

; The default is "no".

[zonemessages]

eastern = America/New_York|'vm-received' Q 'digits/at’ IMp

central = America/Chicago|'vm-received’ Q 'digits/at' IMp

central24 = America/Chicago|'vm-received' q ‘digits/at' H N ‘hours'

military = Zulu|'vm-received' g 'digits/at' H N 'hours' ‘phonetic/z_p'

[default]

; Define maximum number of messages per folder for particular context.

;maxmsg=50

1234 => 4242 Example Mailbox,root@localhost

;4200 => 9855,Mark Spencer,markster@linux-support.net,mypager@digium.com,attach=
no|serveremail=myaddy@digium.com|tz=central|maxmsg=10

;4300 => 3456,Ben Rigas,ben@american-computer.net

14310 => -5432,Sales,sales@marko.net

;4069 => 6522, Matt Brooks,matt@marko.net,,|tz=central|attach=yes|saycid=yes|dial
out=fromvm|callback=fromvm|review=yes|operator=yes|envelope=yes|sayduration=yes|
saydurationm=1

;4073 => 1099,Bianca Paige,bianca@biancapaige.com,,delete=1

;4110 => 3443,Rob Flynn,rflynn@blueridge.net

; Mailboxes may be organized into multiple contexts for
; voicemail virtualhosting

[other]

;The intro can be customized on a per-context basis
;directoryintro=dir-company?2

1234 => 5678,Company?2 User,root@localhost

For Further

: Digium-Asterisk User Manual
Information

https://lwww.digium.com/en/supportcenter/documentation/viewdocs/AA50

Polycom Phone User Manual
http://www.polycom.com/usa/en/support/support.html
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