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1 Overview

The purpose of this configuration guide is to describe the steps needed to
configure the Mitel 5000 for proper operation Optimum Business Sip Trunking.

2 SIP Trunk Adaptor Set-up Instructions

These instructions describe the steps needed to configure the LAN side of the
Optimum Business SIP Trunk Adaptor.

Step 1:
Log on to the Optimum Business SIP Trunk Adaptor

1. Connect a PC to port 4 of the Optimum Business SIP Trunk Adaptor,
the silver device labeled Edgewater Networks, 4550 series.

B

s B o ATe
4550 SERI
e
R ) A

2. Open a Web browser and go to IP Address
http://10.10.200.1. A login box will appear.

3. Enter login and password and click ‘OK.
Login: pbxinstall
Password: s1ptrunk

Step 2:
Click on the LAN Settings Link

1. Assign an IP Address to the LAN interface of the SIP Trunk Adaptor.
The IP address must be on the same subnet as the IP PBX. This changes
the address on port 1 of the Optimum Business SIP Trunk Adaptor.

Note: This will become your local SIP

proxy |IP address. No other IP addresses | optimum. et =
will be provided by Cablevision. s | oo
2. Optional: Specify a VLAN for your ?z_:—%-' e w
voice traffic. Click the ‘Enable Voice | wsener o
VLAN Tagging’ check box. The default ' o000
VLAN IDis 100. el

Note: VLAN 200 should not be used.
It is dedicated to port 4 for management.
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3. Optional: Enable the DHCP server. This will allow the SIP Trunk Adaptor to
act as a DHCP server, which will provide IP addresses to the voice network,
and create a dedicated voice LAN, as per diagram 2.

4. Click ‘Submit’.

Diagram 1 SIP Trunk Adaptor for IP-PBXs
Example: Single LAN Configuration

:I :I :I Analog Devices
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Using a connection from the customer’s LAN, the SIP Trunk Adaptor’s address can be
a statically assigned private IP address. It may not be assigned a Public IP address.

Diagram 2 SIP Trunk Adaptor for IP-PBXs
Example: Separate Voice and Data Networks Configuration
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' The customer attaches their Voice Switch to the Ethernet LAN port 1 on the
X

Optimum Business SIP Trunk Adaptor. The Optimum Business SIP Trunk Adaptor
can be enabled as a DHCP server to provide routing for the separate voice network.
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Step 3:
Click on the SIP Trunk Configuration Link

1. Select your IP PBX make p—
Mimum- SIP Trunk Configuration
and model from the
Select your PBX: e =
d rop-down menu. Menu = Passive connection using the local, private IP address of the PBX
. customer o g b o At ol 0 TS
. e Pex Address:
2. Specify how the IP PBX T
. . :w ® Active connection using registration
will register to the User 1d: s
. : Password: eesesees
Optimum Business
Sl P _I_ k Ad t Convert Inband DTMF: o
run aptor. -

3. The Cablevision network p—

only supports Inband DTMF. Trunk Seatus: —

Click on the check box oios

T
next to “Convert Inband e
DTMF" if you cannot i -

configure your IP PBX to

send out Inband DTMF. The DTMF tone duration generated by the phones
and/or PBX may need to be increased from their default setting. Some
phones and/or PBX have a default setting between 180ms to 200ms. This
setting is too low. The recommended setting is 600ms.

4. Click ‘Submit’.
Step 4:
. . . Network Test Tools telo
Dlag nostics Link optimum. A network administrator may use the test tools on this page to verify
oo:cvecrt‘:vkv of the System and trace the path of data throughout the
E—
You can make a test call directly e e
e his test will lace a cal o the providec telephone number and play a series of ones for 30
from your phone or use the test | s et |
. . et o8 Pilot Number:
call application under the — Telzphone Number:

(=]

Inbound Call Test:

When this test is enabled calls received for the pilot number are diverted to the interal Test
UA for 15 minutes, after this elapsed time the test is automatically disabled.

« Enabled

# Disabled

[E=0)

Ping Test:
1P Address to Ping:

Traceroute Test:
1P Address to Trace:

Diagnostics link.
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Step 4 continued

Field Description

Outbound Call Test Specifies an outside phone number to which an outbound call

TelephoneNumber will be initiated. The pilot telephone number of the SIP Trunk will
be prepopulated.

Pilot Number Displays the provisioned pilot number, which is used for outbound
and inbound call tests.

Call Initiates a call outbound to a telephone number entered or inbound
to the pilot number displayed.

Inbound Call Test Indicates whether inbound test call will be enabled or disabled. If

(radio button) inbound test calls are enabled, calls made to the pilot number will be
redirected to the test UA for fifteen minutes. When the pilot number
is dialed, you will hear a test message play.

Submit Enables or disables the inbound call test.

IP Address to Ping Verifies basic connectivity to a networking device. Successful ping
test results indicate that both physical and virtual path connections
exist between the system and the test IP address.

Ping Button Sends a ping to the IP address specified in the field “IP Address
to Ping”.

IP Address Tracks the progress of a packet through the network. The packet can

to Trace be tracked through the WAN or LAN interfaces of the adaptor.

Interface Indicates whether a packet will be tracked through the LAN or

(radio button) the WAN.

Traceroute Initiates a traceroute to the specified IP address on either the LAN

Button or the WAN.

Reset Clears all fields and selections and allows you to enter new information.
Reset applies to outbound call test, ping and traceroute.
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3 Additional Set-up Information

Systems
Help
0} System
optimum.
N Software Version:
Confiquration Version 11.6.14.1 - Fri Jan 4 17:49:28 PST 2013
ersion .0. o T Jan . -
+ Customer Hostname:
*LAN Settings 5164939899
JSIP Trunk
*Dizgnostics Model:
»System EdgeMarc 4552
Vendor:
Cablevision

LAN Interface MAC Address:
AB:70:A5:00:D8:18

Registration Status:
The ALG feature is registered. View license key.

System Date:
02/29/2016 15:03:40 UIC

Change Password:
« pbxinstall

Description

Pbxinstall Link Select to change the default password for the pbxinstall login ID.
Only the password can be changed. The login ID cannot be changed.

Help
° Set Password
optimum. o
Change the GUI password by filling in the fields below. The password
must be between 6 and 8 characters in length.
Configuration i
Menu Username: pbxinstall
o @i Current Password:
»LAN Settings New Password:
»SIBTrunk Confirm Password:
’m. e
Dt
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Username

Specifies the username for which the password can be changed.

Current Password

Specifies the current password.

New Password

Specifies the new password.

Confirm Password

Confirms the new password.

Submit

Applies the settings configured on this page.

Reset

Clears all fields and selections and allows you to enter new information.

4 International Calling

Optimum Voice Business Trunking offers an optional International Calling Service

for direct-dialed calls made from the Customer’s business or from any phone via the
Optimum Voice International Calling remote access number to destinations outside of
the United States, Puerto Rico, Canada and the U.S. Virgin Islands at per minute rates.
The Customer must login to the Optimum Business Account Center and activate the
service on the Optimum Business Trunk Pilot telephone number to activate the service
and manage the monthly International spending limit for the account.

Activating International calling on the Pilot TN will enable International calling for all
Direct Inward Dial (DIDs) telephone numbers as well. Blocking International calling for
one or more DIDs is managed by the customer directly from the PBX phone system
configuration. To minimum the exposure to fraudulent calling, It is recommended to
limit International calling capability to those DID’s that require it and set up an account
spending limit that reflects what is necessary to run the business.

It is the Customer (and/or the Customer Agent’s) responsibility to properly secure
the customer’s PBX to prevent the PBX from being compromised and fraudulent calls
from being made by unauthorized (internal or external) users. If fraudulent calls are
detected, Cablevision reserves the right to disable International Calling until the
PBXis properly secured by the customer.
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5 PBX Configuration

The steps on the next pages describe the minimum configuration
required to enable the PBX to use Optimum Business SIP Trunking for
inbound and outbound calling. Please refer to the Mitel 5000
product documentation for more information on advanced PBX
features.

This guide provides the configuration steps for both PBX registration
and static or non-registration modes of PBX operation.

The configuration described here assumes that the Mitel PBX is
already configured and operational with station side phones using
assigned extensions or DIDs. This configuration is based on Mitel
5000 Version 4.0.




The PBX should be connected to the Optimum Business SIP Trunk Adaptor
LAN port 1 (IP address=10.10.100.1/24 in the lab) in the same LAN segment.
The PBX was shipped with a private IP address 192.168.200.201/24 for its
LAN port. In the lab, its IP address has been changed to 10.10.100.11/24.

From the CD that is shipped with the PBX, double-click the
SAaDDBP_4_0_5_1-core_DBP_4_0_3_80-plugin.exe program to install the
configuration GUI (Mitel System Administration & Diagnostics) on a PC. The
installer will prompt for the PBX’s IP address during the installation process. The
PBX’s LAN port IP address can be found from the display in the front of the PBX.
After the installation of the configuration GUI, invoke the GUI and select the

“System Connection” entry that has been configured to point to the PBX.

| ) QAMitel5000_10 - Mitel Systs inistration & Diagnestics

U Edit System Connection

Connection name:
loAMite1s000

Onsite IP address / Hostname:

1010.100.11 Test onsite connection
Offsite Connection

How will you connect to the system when offsite? |1 don't connect offsite -

System Account

[¥] Remember username and password
Username: Password:

admin

[ The system has a MAS server

Save connection Cancel




To connect to the PBX, click “System management tools” and, from the drop-down
menu, click “Launch DB Programming for QAMitel5000_10". You should see the

initial configuration screen.

@ QAMitel5000_10 - Mitel System Administration & Diagnestics

Disconnected

System Connection System Diagnostics
(oonre g | (——— ol Mot )
- 0 0 Unknown
Launch DB Programming for QAMitel5000_10
Launch 5000 CP AWS webpage for QAMitel5000_10
Launch SSH connection for QAMitel5000_10

Manage backups for QAMitel5000_10..

Create new database...

Open existing database.

From the initial configuration screen, first configure a time zone for the PBX. Select
a time zone from the drop-down menu of the Time Zone's “Value” field and hit the
“Enter” key on the keyboard (or click anywhere on the right pane).

DE Programming 4 I — S — = O
File View Operations Tools Favorites Help
CaB=w?
E of 5000 CP Name Value
= & System Accounts B A
& Software License T
(1 System - ctem
1 & Users 8 Users
(2 Voice Processor | [5) Voice Processor
[ pate 10/12/2010
¥y Enable Daylight Saving Time No
¥4 Enable Network Time Protocol (NTP) ~ Yes
rimary Language American English
|
econdary Language Spanish
ime 12:55 PM
Elimezone [y Kl
Not Configured .

(GMT-12:00) Eniwetok, Kwajalein
(GMT-11:00) Midway Island, Samoa
GMT-10:00) Hawaii

(

(GMT-07:00) Arizona
(GMT-07:00) Mountain Time (US & Canada)
(GMT-06:00) Central Time (US & Canada)
(GMT-06:00) Mexico City, Sascatchewan
GMT-05:00) Indiana (East), Bogota, Lima
(GMT-05:00) Eastern Time (US & Canada)
(GMT-04:00) Atlantic Time (Canada)
GMT-04:00) Caracas, La Paz

(GMT-03:30)

™

Node 1 Online 5000 CP North America [QAMitel5000 10 101010011




Before configuring the PBX for SIP trunk service, ensure that the PBX is equipped
with enough SIP trunking licenses. Select “Software License” and check the
value of the “SIP Trunks” field. This value represents the maximum number of
concurrent calls allowed for the SIP trunk service.

&2 QAMitels000_10 - Mitel DB Programming = ¥ TR R - (2] @ |
File View Operations Tools Favorites Help
“asB=®
2-ad 5000 CP Software License Feature Value
#-& System Accounts 3 System Type 5000 CP
& 3 ACD Hunt Group No
(- System 3 Additional TL/EL/PRI Ports 0
& Users 5 Agent Help No
{5) Voice Processor %2 Analog Voice Mail Hunt Group No
[ |3 Basic Voice Mail Ports 4
| 43 Category "A’ Phones 1
\ 7 Category ‘B Phones 0
|45 Category 'C' Phones 0
%5l Category D' Phones 0
431 Category 'E' Phones 48
3 Category 'F Phones 0
3 Desktop Interface No
3 Dynamic Extension Express Yes
A File-Based MOH Sources 0
3 1P Networking 6
{7 PRI Licenses 1
emote ACD Hunt Groups No
& SIP Voice Mail Ports 0
ystem Health Report No
A System OAl Events No
kel System OAI Third Party Call Control No
3 Voice Processor Messaging Networking ~ No
Node 1 Online 5000 CP North America :QAMiteL‘ZOOO_ln ‘10.10100.11 4

To start configuring the PBX for SIP trunk service, select “System”, select “Device
and Feature Codes”, sclect “SIP Peers” and select “SIP Trunk Groups” to create
a SIP Trunk Group. Right-click in the right-hand window panel and then select
“Create SIP Trunk Group”.

32 QAMitel5000_10 - Mitel DB Programming - o

File View Operations Tools Favorites Help
FoaB=F
- 5000 CP * | Extension Description Usemname [

@& System Accounts mj@l
& Software License

5] * System

| [ Controller

P B o5 Devices and Feature Codes

i §.q Assistants

166 Extension Lists

-9 Feature Codes

£ Hunt Groups Create SIP Trunk Group

7 P Connections

2 Modems

- Network Groups

L1 @ Nodes

' . @-bq PagePorts

®

Create SIP Trunk Group from Template...

§-q Page Zones
& Phantom Devices
o2 Phones
111} €O Trunk Groups
. @11} Node Trunk Groups
| G SPPeers
© @-Hg SIP Phone Groups
| BT 5o T Grous] I
Ll @5 SIP Voice Mails
D@13 Trunks
* @ 9 Echo Profiles
% E-mail Gateway
-9 File-Based MOH
H ¥ Flags
P Hunt-Group Related Information
| @3F IP-Related Information .

Node 1 |Online 5000 CP North America |QAMitelS000_10 101010011 [ P,




Select “92002” (the newly created SIP Trunk Group in this example) and select
“Configuration” to configure the SIP trunk parameters.

Enter the Optimum Business SIP Trunk Adaptor’s IP address in the “IP Address”
field. This was Step 2 in the Optimum Business SIP Trunk Set-Up Guide.

Enter 5060 in the “Port Number” field.

Make sure the “Operating State” field is set to “In-Service”.

Configure the “Maximum Number of calls” field to the maximum number of
concurrent calls allowed according to the SIP trunks license.

Leave the other fields as default. Note that the other call parameters (i.e.: DTMF
Encoding Setting) are stored in a call configuration file identified by the “Call
Configuration” number. This number is the default number of “1” in this example.

&2 QAMtelS000_10 - Mitel DB Programming ~ - '—w

File View Operations Tools Favorites Help

> B= 9P
E1-a% Devices and Feature Codes =] NiName: Vahe
E-fq Assiars o T ——
& §5 Extension Lists B Authentication
| i (- Feature Codes | * Keep-Alive
&-& Hunt Groups P+ NAT Settings
@& IP Connections 85 Altemate IP/FQDN List
-2} Modems E=Route Sets
TG Network Groups $511P Address 10101001
@4 Nodes & Port Number 5060
5 fq PagePorts 7 Fully Qualified Domain Name
I 5 fq PageZones [] Call Configuration 1
.8 Phantom Devices E Camp-Ons Allowed Ves
H Operating State In-Service
o2 P %> Maximum Number of Calls 3
6y} COTrunk Groups 94 Use ITU-T EA64 Phone Number  No
11t Node Trunk Groups @4 Static Bindi Y
£ %€ SIP Peers # Static Binding s
¥} Use Peer Address In From Header  No
* @ §8¢ SIP Phone Groups
{ Eq} SIP Trunk Groups
By 92002 L4
=@
4 Registrar
@ Authentication
. Keep-Alive
L. NAT Settings
185 Alternate IP/FQDN |
[t~ Route Sets
@3 Trunk Group Configura
411 92003

¥3 Configuration
%A Trunk Group Configura .

< = m 3
Node 1 |Online 5000 CP North America [QAMitel500010  [10.10100.11 A




Select “92002”, select “Configuration” and select “Registrar” to configure the PBX for SIP

registration mode or static IP address mode (i.e.: no SIP registration).

For static IP address mode, select “No” in the “Enable Registration” field.

o2 QAMitel5000_10 - Mitel DB Programming

o 0

File View Operations Tools Favorites Help
«s>B=2?®

-4 IP Connections
r &g} Modems

%5 Network Groups
- Nodes

@-fu Page Ports

& fg Page Zones

»

I Name

Value

b4 {Enable Registration

B Registrar IP Address
§ Registrar IP Port
Registrar FQDN
Registration Refresh Interval

10101001
5060

180

@& Phantom Devices 3 §1n‘nia| Retry Intenval 60
@92 Phones Maximum Registration Retries 5
it} €O Trunk Groups
@-11f] Node Trunk Groups
-3 SIP Peers
16¢ SIP Phone Groups
| Bt} SIP Trunk Groups
[ [ B 92002
£1-%3 Configuration
o] Registar
Authentication
= Keep-Alive
T~ NAT Settings
iy Alternate IP/FQDN |
= Route Sets

m

i Trunk Group Configura

© @-LD SIP Voice Mails L4
@13 Trunks

@) Echo Profiles
3 E-mail Gateway

- @) File-Based MOH

L ¥ Flags

- Hunt-Group Related Information

| ® % IP-Related Information

del n »

Node 1 |Online 5000 CP North America [QAMitel5000_10

101010011 A

For SIP registration mode, select “Yes” in the “Enable Registration” field.
Enter the Optimum Business SIP Trunk Adaptor’s IP address in the “Registrar
IP Address” field. This is Step 2 in the Optimum Business SIP Trunk Adaptor
Set-Up Guide.

Enter 5060 in the “Registrar IP Port” field.

Leave the other fields as default.

Select “Configuration”, select “Authentication”, enter the username in the
“Out-bound Username” field and the password in the “Out-bound Password” field.
The username and password must match the “User ID” field and “Password” field
configured on the Optimum Business SIP Trunk Adaptor. This was Step 3 in the
Optimum Business SIP Trunk Set-Up Guide.

Leave the other fields as default.




52 QAMitel5000_10 - Mitel DB Programming
File View Operations Tools Favorites Help

«>B=?
54 [P Connections - [vame Value
2} Modems = " N
%G Network Groups I in-bound Authentication Username
B9 Nodes 3 in-bound Authentication Password
#-bq Page Ports 7 Out-bound Username 6316769500
[=-f.q Page Zones £} Out-bound Password zzzzzzzz

¥ Phantom Devices

&2 Phones

111§ CO Trunk Groups

411§ Node Trunk Groups

£ SIP Peers
{6 SIP Phone Groups
E-41f SIP Trunk Groups
| B 92002

=98 Configuration

3 Registrar
a
= Keep-Alive
T+ NAT Settings
B Altemate IP/FQDN |
t+ Route Sets
3 Trunk Group Configura)
E-f3) SIP Voice Mails L4
13 Trunks
@) Echo Profiles
3 E-mail Gateway
) File-Based MOH

P Flags
@ Hunt-Group Related Information
2% IP-Related Information »
(P e [
Nodel "~ [onfine5000 CP North America [QAMitel500010 01020011 | | S T

Select “System”, select “IP-Related Information”, select “Call Configurations”
and select “1” (default call configuration index for the SIP trunk group).

Note: The Cablevision network only supports Inband DTMF tones.

Select “G.711 Mu-Law” in the “DTMF Encoding Setting” field.

Leave other fields as default.

QAMitel5000_10 - Mitel DB Programming =lalx|

File View Operations Tools Favorites Help

s B=f
51 9% Devices and Feature Codes ] [Name Tvakue [Extended valve | Column (d6)
o ::::n&l. ts J
i on List -
[ P Feature Codes g ey e
# & HuntGroups ﬁﬂSlPka
1P Connections i
’% s [E)SIP Voice Mails
éﬁ Nodes : mem
4 Page Ports 3° Audio Frames|1P Packet
g Page Zones i2° Average In Time Frame Percentage Threshold
& &Y Phantom Devices 42+ Average In Time Frame Timer
- of Phones 33* Minimum Playback Time
4 111§ €O Trunk Groups (=3 Transmit OTMF Level
1 111] Node Trunk Groups
= SIP Peers
$8¢ S1P Phone Groups 33+ Fax Control-Messages Redundancy Count
£} STP Trunk Groups IarFaxPagena\znmxlaqmt
S Z 3* Fax Detection Sensitivity
G | [ e 73
By Faxmmcmsued No Limit
® T.] Trunks 4 Supports RTP Redirect Yes
[#- @) Echo Profies
E-mail Gateway
(s1- @) File-Based MOH
I Flags
£ Hunt-Group Related Information
2% 1P-Related Information
o
22
2f 1P Setiings -
T Maintenance
(- = Numbering Plan
1 o Phone-Related Information
Reference Clock List
‘# Report Programming
- .
| ;l_]
MNode 1 [Oniine 5000 CP North America  (QAMitel5000_i0 [10.10.100.11 [ 7




Select “System”, select “Devices and Feature Codes”, select “SIP Peers”, select
“SIP Trunk Groups”, select “92002”", select “Trunk Group Configuration” and
select “Trunks” to create SIP Peer trunks. Right-click on the right pane and then

click the “Create SIP Peer Trunk” link.

52 QAMitel5000.10 - Mitel DB nglimming

(= | © ]

£5-8% Devices and Feature Codes
f.q Assistants
- §6¢ Extension Lists
®® Feature Codes
-8 Hunt Groups
(& P Connections
£} Modems
B Network Groups
-9 Nodes
-$q Page Ports
@ g Page Zones
¥ Phantom Devices
& Phones
[-44) CO Trunk Groups
441} Node Trunk Groups
5 SIP Peers
. @ Mg SIP Phone Groups
© Bggd SIP Trunk Groups

m

| C B 92002
@43 Configuration
I i 148 Trunk Group Configura

it
-0} Multiple Ring-In
=3P Emergency Outgoir
N Outgoing Access

¢ Toll Restriction
@£ SIP Voice Mails o
(]| —— *

File View Operations Tools Favorites Help
“sB=9
5o 5000 CP -~ [Btension Trunk Grou Label [
8 system Accounts 1394023 1 92002 Undefined  SIP Peer Trunk
&R Software License 1394024 92002 Undefined  SIP Peer Trunk
= System 1394025 92002 Undefined  SIP Peer Trunk |
= Controller

Create SIP Peer Trunk

Node 1 |Online 5000 CP North America [QAMitel5000 10 101010011

4

Select “System”, select “Controller” and select “Digital Desktop Module - 16"
to set up digital phones. Select “Digital Telephone” in the drop-down list from

the next available “Port” field.

&2 QaMiteIS000_10 - Mitel DB Programming WY " . - - A “
File View Openations Tools Favorites Help ——
s Bw?

o 5000 CP Port Circuitl |

& System Accounts
& Software License
£ System
& = Controller
# Bay L: TI/EL/PRI Module
F ¥ 52y 2: Digital Desktop Module - 16|
{#} Bay 3: Uninstalled

01020
#901:020

ay 4: Uninstalled A 0102088 29 NONE

@ # Processor Module 4010209 None 25 NONE

4 Loop Start Ports 901:02.10 None g NONE

[ ¥ Single Line Ports 4010211 None ?;2 NONE
w8 Digital Expansion Interfaces #901:0212 None ;2 NONE

@ Error Thresholds 010213 None ;2 NONE

| & Devices and Feature Codes 5$$i; :m @ NONE
@ @) Echo Profiles 4 lone @ NONE
4901:02.16 None & NONE

3 E-mail Gateway
@) File-Based MOH
P Flags
@@ Hunt-Group Related Information
@ 3 IP-Related Information
@ 3 IP Settings
- T Maintenance
= B Numbering Plan
& o Phone-Related Information
@) Reference Clock List
@ @ Report Programming
4 Sockets
i@ System Manager
& 60 Timers and Limits
@13 Trunk-Related Information
& Users
[® Voice Processor

Online 5000 CP North America |QAMitel5000_10 101010011

Moo 1001
AT None -
Nore |




Click on the “Circuit 1" field, select the phone extension from the “Starting Extension”
field of the pop-up box and click the “OK” button.

52 QAMitel5000.10 - Mitel D8 Programming - -
File View Operations Tools Favorites Help
2B
& o2 5000 CP Port Gircuit] | |
& System Accounts #901:02.01 Digital Telephone ? 100
& Sofvare lcese f
B System #01:0203 None @ NONE
== Controller 9010204 None 39 NONE —_
# Bay1: TL/E1/PRI Module #%01:0205 None 22 NONE Statting Extension
| s A010205 Kene £ Hote 3
(4] Bay 3: Uninstalled #01:0207 None & NONE
(4] Bay & Uninstalled #901:0208 None & NONE Nuber o
# Processor Module $mzns None g NONE =
01:0210 None NONE
: ;:’:::::Pir:s 010211 None 3 NONE I Create Userls]
2 010212 None & NONE
- Digital Expansion Intefaces )mhuz i & o Cancel
(- Error Thresholds 2 010214 Noos  none
&% Devices and Feature Codes o
i i) #01:0215 None 29 NONE
#01:02.16 None &9 NONE
% E-mail Gateway
® @) File-Based MOH
" Flags
&£ Hunt-Group Related Information
& 3 IP-Related Information
@3 IP Settings
@ T Maintenance
@+ Numbering Plan
o Phone-Related Information
@ Reference Clock List
@ Report Programming
#¥ Sockets
i System Manager
= Timers and Limits
& T3 Trunk-Related Information
& Users
@ [B Voice Processor
Node1 Online 5000 CP North America |QAMitel500010 101010011 [ 4

Select “System”, select “Devices and Feature Codes”, select “SIP Peers”, select
“SIP Trunk Groups”, select “92002” and select “Trunk Group Configuration” to
use routing table for mapping incoming calls to the extensions.

From both the “Day Ring-In Type” entry and the “Night Ring-In Type” entry, select
“Call Routing Table” from the “Value” field and enter “1” in the “Extended Value”
field. Note that the extended value of “1” means using the Call Routing Table 1.

Enter the calling party number in the “Calling Party Number” field. The calling
party number is the pilot DID in this example.

Leave other fields as default.
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File View Operations Tools Favorites Help
b=
28 Bxtension Lists - [Name Value Extended
@9 Feature Codes 13 Trunks
&£ Hunt Groups 3 Multiple Ring-In
@& IP Connections ‘*ﬁsmn,mcy Outgoing Access
A} Modems Outgoing Access
F5 Network Groups ¢ Toll Restriction
Nodes £] Audio for Calls Camped onto this Device 5000 CP
@-§uq Page Ports £l Music-On-Hold 5000 CP
@-§q PageZones 2] Audio on Transferto Ring Ringback
& & Phantom Devices £ Audio on Transfer to Hold Music-On-Hold
o2 Phones ] Audio on Hold for Transfer Announcement Music-On-Hold
111} €O Trunk Groups 2] Day Ring-In Type Routing Table @31
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Select “System”, select “Trunk-Related Information”, select “Call Routing Tables”
and select table entry “1” to configure mapping of incoming calls to extensions.
For each mapping:

Right-click on the right pane and click on “Add To 1 list...” from the pop-up box.
Enter the DID assigned to the extension in the “Pattern” field.

Enter a description in the “Description” field.

Select “Single” in the “Ring-In Type” field.

Enter the extension in the “Ring-In Destination” field.

Note: If the extension is set up for Auto-Attendant, set the “DTMF Encoding Setting”
field to “G.711 Mu-Law” to allow the Auto-Attendant to recognize in-band DTMF.
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Select “System”, select “Devices and Feature Codes” and select “Feature Codes”
to make sure that Feature Code “8” is used for making outgoing calls. Note that

by default, the user can dial the Feature Code “8”, followed by “1” and the phone
number to place outside calls (i.e.: 8 1 4083517255). The user may also dial by the
SIP trunk group’s extension (i.e.: 92002 1 4083517255) or dial by each SIP trunk
extension (i.e.: 94023 1 4083517255).
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Select “System”, select “Devices and Feature Codes”, select “Phones”, select the
phone’s extension and select “Associated Extensions” to verify the “Outgoing
Extension” field is set to the SIP trunk group extension (“92002” in this example).
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Select “System”, select “Devices and Feature Codes”, select “Phones”, select the
phone’s extension to configure Calling Party Name and Calling Party Number for each
extension. Enter a name in the “Value” field for the Calling Party Name and enter the
DID assigned for the extension in the “Value” field for the Calling Party Number only
when the PBX is configured for static IP address mode.
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If the PBX is configured for SIP registration mode, the calling party number must
be the same as the username (i.e.: the pilot DID of 6316769590 used in the PBX
registration example) used for SIP registration. In this example, the PBX has been
configured for static IP address mode.




Select “System”, select “Devices and Feature Codes”, select “Phones”, select the
phone’s extension and select “Flags” to enable unattended transfer for the phone
extension (disabled by default). In the “Value” field for the “Transfer to Connect
Allowed” entry, change “No” to “Yes”.
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Note: \When making configuration changes to the PBX, some may take
effect right away, and some may require a reset. When in doubt, save all
the changes (“Operations > Database Operations > Database Save...”)
and restart (“Operations > Reset System”) the PBX.






