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Tech Bulletin 2012-002
eAccessLine

IPitomy — AccessLine SIP Provider Configuration

Description

This guide is intended to streamline the installation of AccessLine SIP trunks in the IPitomy IP PBX. In our combined
testing we determined that analog FAX machines should be connected via an analog telephone line dedicated to
the function or on a separate gateway configured for CODEC G.711. AccessLine makes use of the G.729 CODEC to
optimize bandwidth usage and we found the voice quality very good during our testing. The configuration deploys
both the G.720 and G.711 (as a backup CODEC).

Refer to the IPitomy 1100+ Installation and Maintenance Manual on the IPitomy Wiki for details about adding SIP
Providers. http://wiki.ipitomy.com/index.php/IP_ PBX Manual Providers#Provisioning a SIP_Provider

- Providers / SIP Providers

Procedure — Add Provider

1. Navigate to the IPitomy IP PBX web interface as shown » System _
(usually 192.168.1.249/ippbx). (Your network may be ~ Providers o
different.) Under Providers select SIP Providers. The current Hardware Trunks Name Action
Providers are listed—if this is the first, none will be listed here. | SIP Providers

SIP Providers

* Destinations Ip400-130 ' ®
Add Provider
2. Select
3. The Edit SIP Provider screen opens.
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Edit SIP Provider

4. Input a Name for this provider... we * System SIP Provider
used "Accessline”. el Mame Accessiing
Ilard-r-:r.e Trunks — -
5. Match all of the fields as they are listed. ™ Froie i poet
# Destinations DTMF Mode: fMe2633 -
6. "HOST” as provided by Accessline is ';:’:‘t“g RFCZ933 Compensate:. Mo =
. . . . ® PEX Setup
the DNS NAME in their COﬂflgUrOTlon + Raporiing Host interop-ax 58a accessling cr
guide: » Diagriostics Port Detaull @ Custom 060
. . Régisla Yes Mo & Custom
Provided by AccessLine ‘ FegLITEr = GgWaidBlSl:iNO¥nlEJIRANCercp-ex.aea.accessling.somi 6060
SIP TRUNK ID dgwsid9151
PASSWORD NO9Ynl16JI
Authentcalion ® Yes Mo Cusbam
NS interop-ex.sea.AccessLine.com ; ;
NAME P . . . AL LIger @ Defaun O Custoem
IP ADDRESS 64.28.122.44 & Dot 7 Custor
PORT - From Damain B Defaun O Custom
Primary CODEC G.729 Resin # Default - Custorn
Secondary CODEC G. 711 Cuttound Prosy % Dizabled Enabled
Isemame dgwsidd151
In our test it was not necessary to use the provided IP Address. SEcrEL Y16
We used the DNS. Inound Caller IC
Port must be defined as “Custom™ and set to 6080. J:M :"_”r'? ——
bar 2065172678
8. Register must be Custom and filled with the details =
as shown. HOWEVER, it is easier to complete the — o
other fields first and save your work as this field will
. . Deefaull Deslinalian Mo r v
auto-fill. (Come back toit.) F——
9. Insert the SIP Trunk ID into Username. RTP Keep-alive
10. Insert the _ intfo Secret. —
Allow Chutbound Caller to
11. Since G.729 is not a default CODEC, you must S
select it on the left-side "Disabled” list and click low Gl Recarding
Ext CID Ow mich
Add to "Add" it. Restrict CID v
12. Now select the G.729 CODEC on the right-side Can Rinite  Yes © ho O Hia
. m o . Send Remote Party ID L T il [T
and click until it is at the top of the list. TS Remde Ay D, @ s © o © Nk
13. Now select all those CODEC's that are not to be feno Ve -
Allow Codecs
Di=zabled Enatled
used and click | 2€'¥t€ |15 move them to the 7T (i) 2|75
Disabled list. Only G.729 and G.711 should remain. UL (Lt ¥
G7E Diowm
Sa C,ha GEM
14. Now click[ . NEcs ]o’r the bottom of the Add Detete
page.
15. Go back to Register and select Custom. When you
do this the field will be populate with the default ———
. . . . L3
content using your input configuration.
This seclion condains phone numbers. (somelimes called D =) associabed wilh his provider
16. At the end of the string insert *:6060” (coloné060).
17. Now click[ e aness ]ogqin. i
Remaove
Add
Destinaton:  pope - S=t
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18. Check “Allow Outbound Caller to Transfer” ONLY if you wish for calls being placed over these frunks to be
allowed to conftrol the PBX.

TYPICALLY this is NOT checked!
19. Allow Call Recording is optional.

20. If there are DID (Direct Inward Dial) numbers to be assigned. Add these one at a time in the Phone Numbers
field at the bottom.

a. Enter the number and
Add

then Press the Allow Outbound Caller to transfer:

[
button. Note: “Insecure” is a
Allow Call Recording: [ q
b. Once added select that Protocol matching
number and assign a Ext CID Override: (& parameter and has
destination using the Restrict CID Override: ] nothing to do with this
drop-down. Can Reinvite: @ Yes © No O NiA carriers security.
Y\égé(?]s;gzr;gg”fhe or t Send Remote Party ID @ ves © No © NiA (Set it to “Very”)
number to
ring at extension 5555. Trust Remote Party ID: @ ves © Mo O NA
Note: It is not necessary to Insecure: Very v
define the destination of the | Allaw Codecs: Disabled Enabled
prime number (lead G711 @iaw =] (G729
3 alaw) = L £
nun.f\ber). as any number not G731  [2][G711 (ulaw) -
defined in DID Phone G.726 B
Numbers will follow the ez _||LBoven
Default Destination.
Add Delete

21. Don't forget to click
Save Changes

if not saved, all the
information on this page
must be entered again. Phone Numbers

This section cantains phone numbers, (sometimes called DIDs) associated with this provider.

Add

Destination: Extension: 5555 v | Set
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Procedure—SIP (Global)

1. Navigate to PBX Setup/SIP Setup page.
Nofte:
This is where "Global” settings are established. These settings are referenced whenever they are not specifically
set in the SIP Provider definition—some are unique to this page and hence general to all SIP Providers.

2. Afthe tfime of our testing the RTP Timeout was set to 10 seconds as a precaution to disconnect inactive calls with
no voice traffic during a 10-second period. You may wish to extend this period to ignore longer periods of
“silence”.

3. Here again, when changes are made you must click[ aaye Chances ] to store and changes made on this page
before contfinuing on to other programming. If not saved, the information on this page must be entered again.

PBEX Setup / SIP Setup

b System SIP Networking Settings

- :
Providers Local Networks & Subnet M

» Destinations

» Call Routing

¥ PEX Setup

General

Database

Maoiramail FE A UL Tl Iy, TES = U
SIP

Prompts RTF Keep-alive:

Music On Hold
Feature Codes
Services

RTP Timeout:

RTP Timeout on Hold:

» Reporting | Trust Remote Party IN:

External IP:

Advanced
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Procedure—Call Routing-Outgoing

Navigate to the Call Routing/Outgoing page. (This is where digits-dialed are associated to frunks and how the
digits dialed will be handled on the selected trunk.

J—

2. This may be an existing Outbound Route or new and specific for the frunk being added.

3. Inthis example the digits to be routed are those expected when calling 10-digit numbers (Area Code +).
In this example Exact Length is set to “Yes”. We have added Outgoing Routes for each of the calling scenarios:

1+

7-Digit
10-Digit
Emergency
International

4. Refer to the IPitomy 1100+ Manual on the IPitomy WIKI for details on configuring Outgoing Routes.
http://wiki.ipitomy.com/index.php/IP_PBX Manual Call Routing#Outgoing Call Routing

5. Nofice that the added SIP Trunk (Provider) is now available for selection in the drop-down list.

6. Select your added Provider (Accessline) and clicked i I

7. You must also click

Call Routing / Outpoing / Edit Qutgoing Route

| SN Ibefore other

Edit Outgoing Route

changes to this trunk can » System -

e applied to the routing » Providers

characteristics. » Destinations Route Name  Accessline10Digit
If multiple trunks are « Call Routing Route Type Accessline10Digit

available for use in the ncom
. . . ncomneg
dialing pattern defined here | outgoing

(10-dligit dicling), they may | Class Of sersee | 1P X
be added to the list. » PBX Setup Digits 10
When there are multiple » Reporting Exact Length Vos <
trunks use the | Y2 | and balecpesiicy Subroute Digits P

Dn . Subroute Offset 0
to position the trunks

as desired for first to last
choices.

8. When you're done, click Dn Prefix Digits
Save Changes Add | 4877503 I~
9905100011727 =

..if not saved, the i Delete rey-main
information on this page helios-dev

. Disable Ext CID Override Darren
must be entered again. drew-dev

Paetec
DavidDemo1
Grandstream
ask164u
MNexWortex
Override Default CID{number) ipitomy
Phoenix
Override CID Number S_iesta‘l

sipp

ramtest
Anstine
Faxfinder
Copyright Geneseo lHons, LLC

Trunks: ine- =
Accessline Up Sirip Digits

Force Use PSTN CID

Override Default CID(name)

Override CID Name

m

Save Changes

weww . ipitonmy. F“EILI|DEO Wi pitomy.com
Accessline * -
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Procedure—Class Of Service

1. Navigate to the Call Routing/Class Of Service page. (This is where trunks are assigned as those allowed to be
used by extensions — by way of that extension’s assigned class of service.

2. ONLY if a NEW Outgoing Route was created is this step necessary. ...generally there are only a few Classes Of
Service. In the picture below the test system COS “Paul Test” is shown. Notice that the newly created Outbound
Route “Accessline” is listed here and selected from the drop-down list.

3. Click | Add I’ro add this route to this COS. Note:
Notice that each of the other Routes that we
defined for AccessLine have been This page does not have a Save Changes button.

programmed already when the screenshot
was faken. (They are already listed for use in this Class Of Service.)

ipitomy-main

y—— I
IPITomvy
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Call Routing / Class Of Service Logout | Apply Changes
Class Of Service
» System

b Providers Class of Senvice: Paul Test -

» Destinations

~ Call Routing Paul Test Rename Create New | Clone
Incomilng

gli:fot.]]?gs.enﬁce Route Action ()

¥ PBX Setup AccesslineOnePlus ®

¥ Reporting Accessline10Digit

¥ Diagnostics

®
Accessline7Digit ®
®

AccesslineEmergency

CQutbound Routes

1+ Dialing (11 Digits) [ || Add
FAX 7 Digit A . .
A o Dig Procedure—Finalize
s dd 1. When all changes are complete you MUST click

Nex\ortex 10 Digit 1
o 10 KoPY Changes
Nex\Vortex 911
NexVortox 7-Digit PBX.
MegaPath
Paetec
Nexvortexml |- Procedure—Test the Trunks
exVortex Prefix778
N X PrexT 77 1. At atelephone that is registered to the PBX, and a
et member of the Class Of Service programmed above,

Affectel 7 dial a number that matches the string input into Call

Routing—Outgoing.

2. This call should be connected using the SIP Provider you
have just installed.

to make the changes operational in the

Congratulations! Your Accessline Trunks are now functionall
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