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1 Audience

This document is intended for the SIP Trunk customer’s technical staff and Value Added Retailer (VAR)
having installation and operational responsibilities.

2 Introduction

This Configuration Guide describes configuration steps for IntelePeer SIP Trunking to a 3CX IP-PBX.

2.1 tekVizion Labs
tekVizion Labs™ is an independent testing and verification facility offered by tekVizion PVS, Inc.
(“tekVizion”). tekVizion Labs offers several types of testing services including:

e Remote Testing — provides secure, remote access to certain products in tekVizion Labs for
pre-Verification and ad hoc testing

e Verification Testing — Verification of interoperability performed on-site at tekVizion Labs
between two products or in a multi-vendor configuration

e Product Assessment — independent assessment and verification of product functionality,
interface usability, assessment of differentiating features as well as suggestions for added
functionality, stress and performance testing, etc.

tekVizion is a systems integrator specifically dedicated to the telecommunications industry. Our core
services include consulting/solution design, interoperability/Verification testing, integration, custom
software development and solution support services. Our services helps service providers achieve a
smooth transition to packet-voice networks, speeding delivery of integrated services. While we have
expertise covering a wide range of technologies, we have extensive experience surrounding our practice
areas which include: SIP Trunking, Packet Voice, Service Delivery, and Integrated Services.

The tekVizion team brings together experience from the leading service providers and vendors in
telecom. Our unique expertise includes legacy switching services and platforms, and unparalleled product
knowledge, interoperability and integration experience on a vast array of VolP and other next-generation
products. We rely on this combined experience to do what we do best: help our clients advance the
rollout of services that excite customers and result in new revenues for the bottom line. tekVizion
leverages this real-world, multi-vendor integration and test experience, and proven processes to offer
services to vendors, network operators, enhanced service providers, large enterprises and other
professional services firms. tekVizion's headquarters, along with a state-of-the-art test lab and Executive
Briefing Center, is located in Plano, Texas.

For more information on tekVizion and its practice areas, please visit tekVizion’s website at
www.tekvizion.com
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3 SIP Trunking Network Components

The network for the SIP trunk reference configuration is illustrated below and is representative of a 3CX
configuration.

IP: 10.70.15.4

Patton
Gateway

3CX PBX
IP:10.70.15.2

SIP/UDP:

Intelepeer

o
Q
2
o
)

Figure 1: SIP Trunk Lab Reference Network

3.1 Hardware Components
e 3CX server
o Patton Gateway

3.2 Software Requirements
e 3CX Version 14.0.44241.523
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4 Features

4.1 Features Supported

4.2 Features Not Supported by PBX

4.3 Caveats and Limitations

Basic calls using G.711ulaw
International Call

Call Transfer

Call Forwarding

Call Hold and Resume
Call Waiting

Call Park

Do Not Disturb
Three-Way Calling
Casual dialing

Fax Send/Receive

Inband DTMF

INVITE with replaces for transfer scenario: B Party initiates the transfer when C Party is ringing.
PBX sends INVITE with replaces. On the PSTN side, we see two calls hitting the phone where

first call with B party’s DID and second call with A party’s DID. IntelePeer has to replace the first
call with the second. Confirmation needed if IntelePeer will support INVITE with replaces for call

transfer scenario.
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5 Configuration

5.1 Configuration Checklist

In this section we present an overview of the steps that are required to configure 3CX PBX for SIP
Trunking as well as all features that were tested

Table 1 — PBX Configuration Steps

Step Description Reference
Step 1 SIP Trunks Section 5.2.1
Step 2 Edit SIP Trunks Section 5.2.2
Step 3 Extension Setup Section 5.2.3
Step 4 Inbound Rules Section 5.2.4
Step 5 Outbound Rule Section 5.2.5
Step 6 International Dialing Section 5.2.6

5.2 3CX Detailed Configuration Steps

SIP Trunks
1. From the 3CX Server Manager main menu, click SIP Trunks
2. Click Add Provider

5.2.1

‘ X Server Manager » SIP Trunks

> & System Status
E Phones

> = Extensions
59 WebRTC Gateway
% wWebmeetin

> iy
=9 PSTN Gateways

> l' Inbound Rules

> 4 outBound Rules

> 81 Digital Receptionist
2% Ring Graups
%: Call Queues
ng Bridges

? wma Fax
Backup and Restore

* |5 Call Reports

> ¥ Settings

>+ Updates

>g Help

o —
+ add Provider | #  Edit Provider [1] Delete Providsr (¥ Refresh Reistratian

Priovider Mame Host PP Address Type

Figure 2: SIP Trunks
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Click Next

Set Name of Provider: Intelepeer is used in this example
Set Country: Generic is used in this example
Set Provider: Generic SIP Trunk is used in this example

Add VOIF Provider izard
Mame of Provider
Country
Pravider

URL

Intelepeer

Genetic

Genetic SIP Trunk

-

-

b hito M 2o comipartnarsisip-trunks!

3CK Supported VolP Providers can be found here:

it st e coripantnersisip-trunkss

Mare 3rd party tested providers can be found here:  hitp e 3ex comipartnersivaip-providers hirml

Cancel | Mext = ||

Figure 3: SIP Trunks — Cont.

7. Set SIP Server Hostname or IP: Enter the IP address of IntelePeer

8. Click Next

WOIP Provider Details:

SIP server hostharme or IP
SIP Server port
Outbound proxy hostname o IP

Quthound proxy port (defaultis S060)

Enter the hostname and port for your WOIP Provider's SIP Senver

58,

5

5060

= Back | Mext = I

Figure 4: SIP Trunks — Cont.

9. Set External Number: Enter the Pilot number or any one of your DIDs to be used as a pilot

number

10. Set Maximum Simultaneous Calls: 5 is used in this example

11. Click Next

Account Details

Enter the Authentication ID or SIP User, Password and number of your account

External Mumber
Authentication |D {aka SIF User D)
Authentication Pagsword

3Way Authentication 1D

Simultaneous Calls
Maxirurm sirultaneous calls

= Back

Mext =

Figure 5: SIP Trunks — Cont.
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12. Office Hours fields are left as default
13. Click Next

Office Hours
Configure where calls should be routed during office hours.

End Call

e iConnect io Extension 1000 1000 1000 ~ M

Connectto Gueue ! Ring Group
Connectto Digital Receptionist 8001 Auto attendant - |
“oicemall box for Extension 10001000 1000 -

Fonward to Outside Number

Send faxto email of extension email of extension 8888 - |

+ Same as Qut of Office hours

Figure 6: SIP Trunks — Cont.

5.2.2 Edit SIP Trunks
1. From the 3CX Server Manager main menu, click SIP Trunks
2. Highlight Intelepeer
3. Click Edit Provider

» & System Status
B Phanes
>... Extensions

B9 WehRTC Gateway
™

Vebmeetin

&9 PSTH Gateways

Pravider Mame Host/ IP Address Type

|Intelepeer it} valP Provider |

Figure 7: Edit SIP Trunks
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Select the General tab

Set SIP Server Hostname or IP: Enter IntelePeer’s IP address

Set SIP Server Port: Enter IntelePeer’s listening port number

Set Outbound Proxy Hostname or IP: Enter IntelePeer’s IP address

Set Outbound Proxy Port (default is 5060): 5060 is used in this example

© N oA

Advanced  Outhound Parameters  Inhound Parameters Source D0 DID

Frovider Details
Enterthe hostname and port of your provider's SIP Server.

SIF sener hosthame ar 1P EB.
SIP server port S0
Cuthound proxy hosthame or P B3,
Cuthound proxy port (default is S060) 5060

Figure 8: Edit SIP Trunks — Cont.

9. Selectthe Advanced tab
10. PBX Delivers Audio: Checked
11. Set Assigned Codecs: Assign supported codecs

General B Cuthound Parameters  Inbound Parameters  Source 1D DID

FProvider Capabilities
Configure Advanced options

Supports Re-lnwite v (]
Supports Replace' i
PBX Delivers Audin v @D |
Switch on Secure RTF (ERTF)

Disahle Video b

Put Public IP in SIP VIA Header |:|

Fegistration Settings
Configure Advanced options

Tirne hetween registration atternpts (in seconds) =] i
Require registration faor; Do nat reguire -
Which IP to use in 'Contact' and 'Connection’ SIP fields ® Use Default Settings

Codec priarities
Specify which codecs to use and their priarity

Available Codecs Assighed Codecs
GSh-FF G711 Alaw
Speex Add = 3.711 U-lawr Up
iLBC G724
= Remaove G722 Drown

Local IP Address (Windows Default Route)

ge this IP Address I:I

Figure 9: Edit SIP Trunks — Cont.
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12. Select the DID tab

13. Add DID numbers into the blank DID fields
14. Click Add

15. Repeat the process for all required DIDs
16. Click Apply at bottom right of screen

»

General  Advanced Outbound Parameters  Inbound Parameters ISDurceID |

DID Mumbers

Enter the DICVD DI numberis) linked ta this provider. An inhound rule will be automatically created for each DICYDDI and needs to be modified to route
calls to the appropriate extensions. You might also need to configure source identification by DIDIDD] fram the Source ID tab

+144 44 i
+144

+144 = Add
+144
+144 Femave =

+144

Figure 10: Edit SIP Trunks — Cont.

17. Select the Source ID tab

18. Source Identification by DID: Checked

19. Click Add DID

20. In the pop up window, select all desired DIDs
21. Click OK

22. Click Apply at bottom right of screen

+ Source identification by DID

If Call Source identification is hased on dialled number and DID's are in } Select did k. or select individual DIDs

SIF Field containing DID numbers To : User Part

Source |dentification by DID

+144 Add Mask
+144

+144 Add DID
+144

+144 Delete

+144

0K Cancel

Figure 21. Edit SIP Trunks — Cont.
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5.2.3 Extension Setup
1. From the 3CX Server Manager main menu, click Extensions
2. Click Add Extension

= -] =] »]
¥ ‘.,. Systermn Status E.o add Extension I‘t‘ Edit Extension .%e Delete Extension ‘5) Import Extension 2 Export Extension
—
€h Phones Filter:
— Extenszion Mumber Firzt Mame Last Mame Email Address

WebRTC Gateway
2 Wvebmeeting

SIP Trunks

=49 PSTM Gateways
Inbound Rules
DutBound Rules
Digital Receptionist
Ring Groups

Call Queues

* e Fax
B3 Backup and Restore
» Call Reports

»LX Settings
> # Updates
> Help
Figure 12: Extension Setup
3. Set Extension Number: 1001 is used as an example
4. Set First Name: Test is used as an example
5. SetLast Name: Phonel is used as an example
6. SetID: 1001 is used as an example
7. SetPassword: 456 is used as an example

W Forwarding Rules  Phone Provisioning  3CHPhone  Other  Options  Office Hours Scheduling  Rights

Uszer Information

Configure user information below

Extension Mumber 1001 \i}
First Mame Test xi}
Last Mame Fhonet \lj
Etnail address \ij
tabile Mumber \ij

Authertication
The authertication ID and Passwaord are used by the phone to authenticate with 3CX Phone System. If the phone has a user id field enter the extension number.

o [ 100 | ©

Password |456 I \13 bk

Figure 13: Extension Setup — Cont.
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8. Select the Voice Mail tab
9. Enable Voice mail: Checked
10. Set PIN Number: 8724 is used as an example

General miﬁl Forwarding Rulesl Phone Provisioning 3CHPhone  Cther

Options

Office Hours Scheduling  Rights

Woice Mail Configuration

if ywou are unable to answer & call, you can allows voice messages to be taken

£

IEnabIe Woice mail v I lj}
Dizable Yoicemsil FIN ALthertication @
Play Caller D (i)
PIr Mumber 8724
Read out datetime of meszage Do not resd
Ermail Options Mo email natification

WL ek
Y
w | WL
my
AL

Figure 3: Extension Setup — Cont.

11. Select the Forwarding Rules tab
12. Select the Available tab

13. lwant to be able to accept more than 1 call at the same time — uses Phone Status: Checked

14. Select the Phone Provisioning tab

Zeneral wioice hdail

Phone Provisioningl SFCHPhone Crther

Options Office Hours Scheduling

Aoy Do Mot Disturk Ayvailable 2 Out of Office 2 Exception=

Plo Answver

® Zend cal to my woice mail
Send call to my mokile number
Send call to
An exdternal number or Skype ID
Rebound ™ [(Offer option to Confirm to sccept)
Dizconnect the call

Different behaviour for internal calls

Phione is Busy
If my phone is busy or unregistered, then:

® Send call to my woice mail
Zend call to my mokile number
Send call to
An exdternal number or Skype ID
Febound ™ (Offer option to Confirm to accept)
Dizconnect the call

Ditferent behaviour for internal calls

Ring my extension and my mokile at the same time

Configure how calls should be re-directed when s user can not answer the phone or the phone is busy.

If the call iz not answweared within 20 seconds, then:

I | | weant to be able to accept more than 1 call at the sames time - uses Phone Status I

)
WAL/

P

- | AL
F

L

P

~ | L)
Y

WAL/

Figure 15: Extension Setup — Cont.
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15. Set MAC Address: Enter the MAC address of the phone

16. Set Model: Polycom SPIP335(Firmware 4) is used as an example
17. Verify Select Interface Field is set to the PBX IP 10.70.15.2, the 3CX IP address

18. Verify Preferred Codec is set to PCMU

19.
20.
21.
22.
23.
24.

Mew phone device...

Privizioning

General  ‘oice Mall  Forwarding Rules  JEay=NEis

SC}{Phonel Ciher |0pﬁons office Hours Scheduling

Provisioning ensures the phone settings are centrally retrieved, thiz limit= the amount of time spent and infarmation need|

MAC Address 0004F2B0D734) @
Madel Falycom SPIF335 (Firmare 4) -~ |®
Phone Weh Page Password 456 'il:'
Phone Display Language Englizh (en-usz) hd ':l}
Time Zane Lse global PEX settings hd 'Cl}
Select Provisioning Methad Local Lan (n the Ofiice) ~ @
ISeIect Interface 1070152 M I'ii)
Codec Priority
Configure the priority of the codecs in this phone
IPreferred Codec PCh M I{I}

Figure 16:

Select the Other tab
Verify Current Status is Available

Extension Setup — Cont.

Verify Queues Status is setto Logged In

Set Outbound Caller ID: +144XXXXXXXX is used as an example

Click Apply and OK at bottom right of screen
Repeat the above process for each phone

General Voice Mail  Forwarding Rules  Phone Provisioning  3CHPhone  Relyl=le

Cptions

Office Hours Scheduling

Uszer Information
Configure user status and options

| current status Available @ |
Queues Status Logged In { I )
DD OFF ( .

| Duthound Caller 1D 144 @ |
SIPID ()]

Figure 17:

Extension Setup — Cont.
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5.2.4 Inbound Rules

1. From the 3CX Server Manager main menu, navigate to Inbound Rules

2. Click Add DID

CX Server Manager » Inbound Rules

e -
= addDID| # EdtDID [7] Delete DID

+ X Systermn Status
E Phaones
¥ : Extensions
59 WebRTC Gateway
i+ Webmeeting
>4 SIP Trunks
50 P3TN Gateways
>4
> 4 OutBound Rules
> el Digital Receptionist
2% Ring Groups
:2: Call Queues
Dm Bridges
? mm Fax
Backup and Restore
» [E| Call Reports
»{x Settings
> ® Updates

9 Help

Mave Up

WolP GatewwayProvider Part Identification

Mowe Down E" Export E“ Impart ?’ Show Filker

D0 Mame DLy Mumkber Cwring Office Hours

Figure 18:

Inbound Rules
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Set Inbound Rule Name: Test Phonel is used as an example

Set DID/DDI number/mask: +144XXXXXXXX is used as an example
Connect to Extension: Checked

1001 TestPhonel is selected as an example name from the drop down arrow
Click Apply and OK at bottom right of screen

Repeat process for each additional extension

l Configure inbound routing of calls based on DIDIDDI o Caller 1D

Inbiound rule name

Enter a DID or string to loak far in the SIP "to" field. Use wildcards (%) to match any digit for that entry. Far example, entries 22444032 OR 2244403% will bath match calls with a
dialled number of +36722444032 in the "to" field

Inbaund rule name TestPhone| )]

Mummbanhtask
Select fram the drop-down below the type of inbound rule you want to create and enter a mask for this DID. You can use the * a5 a wildcard either before or after your mask.

Inbound Rule type DIDIDDI numbermask + ()

DID/DDI numberimask +144 U

Apply this rule to these parts
Selectthe Gateway you want this DID/DDI rule ta be applied to. You can select an the whole gateway which will apply the rule to all the pars, oryou can select individual ports

Ayailable pors ? v BT Intelepeer i

Office Hours
Configure where calls to this DIDDDI should be routed during office hours,

End Call

® Connectto Extension 1001 Test Fhone1 -.I 1

Connectto Queue f Ring Graup i

Connect to Digital Receptionist 8001 Auto attendant - U

Figure 19: Inbound Rules — Cont.
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5.2.5

1.
2.

Nogakw

Outbound Rule
From the 3CX Server Manager main menu, click OutBound Rules
Click Add Outbound Rule

s WWebmesting
> 6 SIP Trunks
59 PSTN Gateways
? 1 Inbound Rules
8 | OuiBound Rules
'8 Digital Receptionist
2% Ring Graups
«2: Call Queuss

CI::] Bridges

H [ = gl ) .
an system Status + Add Outhoun Rule| & Eft Outbound Rule [1] Delete Outbound Rule T Mave U Jv Mive Dover

—

9 Phones Outhound Rule MName Call from extension(s) Mumber prefix Mumber Length Extension Group
? g Extensions

59 \WebRTC Gateway

Figure 20: Outbound Rule

Set Rule Name: Rule for Intelepeer is used in this example
Set Route 1: Select Intelepeer using the drop down arrow in this example
Set Strip Digits: Let the default value be 0

Set Prepend: Add ‘+' to be added with the dialed number to represent E.164 format

Click Apply and OK

T Create an Outhound Call Rule o configure on which PSTH port, VOIP provider or bridge an outbound calls should be placed on

Genetal
Rule Name Rule for Intelepeer U

Apply this rule to these calls

Define to which outhound calls the rule must apply

Calls to numbers starting with prefix { i
Calls from extension(s) q
Calls to Numbers with a length of G
Calls from extension group DEFAULT Select )]

Make outbound calls on

Caonfigure up to 3 routes far calls. The second and third route will be used as backup. For each route, digits can be stripped or added.

Strip Digits Prepend
I Route 1 Intelepeer - 1} v 4 [§]
Route 2 BLOCKCALLS v 1 - €]
Route 3 BLOCK CALLS * 1 v i

0K Cancel

Apply

Figure 21: SIP Trunks — Cont.
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8. Check Default
9. Click OK
10. Click Apply and OK

5.2.6

General
Rule Mame

Rule for Intelepeer (0]

Apply this rule to the: .

ELAE p Select Extension Group
Define to which outh!
| Selectall
Calls to number:
v DEFAULT
Calls from exten
Calls to Numbers

Calls from exten

Make outbound callg

canflgure up ta 3 ro

Route

Route

Select (D]

stripped or added.

Prepend

Cancel ®

Route 3 BLOCK CALLES

QK Cancel Apaly

Figure 22: SIP Trunks — Cont.

International Dialing

From the 3CX Server Manager main menu tree, navigate to Settings > Security

Click Allowed Country Codes tab

Set Region or Country: Select based on site requirements. North America and Europe are

selected here as an example.

Click Apply and OK at bottom right of screen

a Phaones
> & Extensions
59 WebRTC Gateway
- Webmeeting
> @ 5IP Trunks
59 PSTN Gateways
> l Inbound Rules
* 1 OutBound Rules
> '®' Digital Receptionist
2% Ring Groups
2: Call Queues
D._:] Bridges
* am Fax
Backup and Restore

> [Z] Call Reports
lal PUSH
== Firewall Checker

1¢] company Phanebook
+ Phone Provisioning
B Metwork

ity

> & Systemn Status =

.
B0 Security Seftings

Secure SIP (TLS)  Anti-Hacking P Blacklist 3CH Tunnel

. A
iy ity
C‘ General

Allovwwed Courtries

Select the region or country to which callz are allowed

Courtry list by cortinent I) 8 Marth America I

> B South America

|7 v/ € Europe |
31 €9 Asia and the Middle East
> "’ Adfrica

¥ " Auztralia

Figure 23: International Dialing
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6 Summary of Tests and Results

N/S = Not Supported N/T= Not Tested N/A= Not Applicable

Test
Case
# Test Case Description Results Notes
IntelePeer SIP Trunk is non-
1.1 Registration N/A registering
2.1 Calling Party Disconnects Before Answer Pass
2.2 Calling Party Disconnects After Answer Pass
2.3 Called Party Disconnects After Answer Pass
Calling Party Receives RNA - Call Times
2.4 Out Pass
2.5 Calling Party Receives Busy Pass
2.6 Calling Party Places Call on Hold Pass
2.7 Three Way Calling Pass
2.8 Calling Party Presentation Restricted Pass
3.1 Calling Party Disconnect Before Answer Pass
3.2 Calling Party Disconnects after Answer Pass
3.3 Called Party Disconnects after Answer Pass
3.4 Calling Party Receives Busy Pass
3.5 Called Party Unprovisioned Subscriber Pass
3.6 Calling Party Presentation Restricted Pass
3.7 Calling Number Presentation Pass
4.1 Inbound Calling Party Sends Fax Inband Pass
4.2 Outbound Calling Party Sends Fax Inband Pass
4.3 Inbound Calling Party Sends Fax using t.38 Pass
4.4 Outbound Calling Party Sends Fax via t38 Pass
5.1 International Outbound Dialing Pass
5.2 800/866/877/888 Outbound Dialing Pass
6.1 | Outbound Call Forward Always Pass
Outbound Call Forward Always to an Out of
6.2 Service Subscriber Pass
6.3 Outbound Call Forward Busy Pass
Outbound Call Forward Not Available (Ring
6.4 No Answer) Pass
6.5 Outbound Blind Call Transfer Pass
6.6 Outbound Consultive Call Transfer Pass
IntelePeer does not support
6.7 Outbound Semi Attended Call Transfer Fail INVITE with Replaces
Outbound Consultive Call Transfer to Local Test case is required only when
6.8 Extension N/T PBX does not anchor media
6.9 Outbound Three Way Calling Pass
6.10 | Outbound Call Hold Pass
6.11 | Call Waiting Pass
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Terminate Early Media Outbound Call

7.1 Before Answer Pass

7.2 Early Media Forward Call Pass

8.1 Outbound, Wait for Session Audit Pass

Outbound, DUT Places Call on Hold, Wait

8.2 for Session Audit Pass

8.3 Inbound, PBX Holds, Wait for Session Audit Pass

8.4 Inbound, Wait for Session Audit Pass

9.1 Outbound DTMF (RTPevent) Pass

9.2 Inbound DTMF(RTPevent) Pass
Inband DTMF Not Supported in

9.3 Outbound Inband (G711) N/S 3CX software version 14.0
Inband DTMF Not Supported in

9.4 Inbound Inband (G711) N/S 3CX software version 14.0

10.1 | Codec Support Pass
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