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Avaya IP Office Standard
Trusted IP / SIP Gateway Set Up
Telquest Tech Support

We will be using LAN2 in this example.
1. Click Here...

2. KSU's LAN IP Address.

. Set the IP Mask

System | LAM1 LANE |DN5 I Voicemail I Telephnnyl Dlrec* ﬁer'ul::es | 5’ - i E'uents |

LAN Settings |'u'uIP | Me’ mranpobgy | SIP Reqistrar |

This is NOT the Router

[P Address ‘ 192 . 168.150. 123 Use IP Route area...
IP Mask Set the DNS. [255 . 255 . 255 . 07
Primary Trans. IP Address I ] a (1 |
Firewall Profile I«::Nu:une:b j
RIF Mode INDI‘IE "|
™ Enable NAT u Cligk Here...

Mumber Of DHCP IP Addresses m

DHCP Mode
|7f" Server " Client " Dialin la ////I/:,Jisabled Advanced |

Next....
Click Here...

E 4

System | LAM1  LANZ |DN5 I Vair aail I Telephony | Directo 2 Se’t like this...

ts | smme | smor |

LAN Settings | VolP  Network Topology |SIF‘ Reglstrarl

—Metwork Topology Discovery

STUN Server IP Address 107 .23 . 150 . 92" -

STUM Port 3478

3. Set like this...

Firewall MAT Type |Open Internet j -

?;Ziﬂ‘ﬁdif fresh Time I 10 = | These are populated
Public IP Address | o0 0 0o 0 by Run STUN
Public Port lma Run STUN | Cancel

—IX Run STUN on startup




Page 2

IP Offices

1. Right Click Here and create a new SIP Line
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Analogue Trunk| -
PRI 24 {Univers:
SIP Line

2. Then, Click Here...

D Click Here...

2. Click Here...

IP Line - Line 17 e \

SIP Line| Transport. SIP URI |quP | 738 Fax| stP Credentils|

| Channell Groups
L]

| Via | Local URI | Comactl Display Mame | PAI | Credential | Max Calls

© Add... | |

—Edit Channel

Via

Local URI
Contact

Display Mame
PAI
Reqgistration
Incoming Group
Qutgeoing Group

Max Calls per Channel

I‘:None:b

1. Put a * (STAR) here...

IUSE Internal Data ———

,,,:‘ 2. Set each like this...

IUSE Internal Data

j /

IUSE Internal Data

IEI: <Mone =

All 3771710t used..... 7

SIP Line| Transport|stP URI|verP |T38Fa

x SIP Credeﬁﬁﬁgl

Index | UserMame | Authentication Mame | Cumactl Expiry | Reqgister
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—Edit Channel

Via

Local URI
Contact
Display Mame
PAI
Reqgistration

Incoming Gr

This allows all DID Numbers to be

routed by the Incoming Call Route...

See this too...

Dutgnipj 4 Group

| |
allz per Channel |1 3 |

I::None:b r \

I*

IUSE Internal Data

/IUSE Internal Data

Led Led Led Lo

IUSE Internal Data

IEI: <Mone = j ‘ \‘

Il?— |
I”— |

This Sets thiﬂ

@ Click Here... |

W

EXT207: 207 X v <>

SIP Mame

Contact

User | Voicemail | \MD | ShortCodes I Source Number/s,,!"?élephuny I Forwarding | Dial In | [ |
Voice Recording | But\ 'n Programming | Menu Prog;aﬁ'ifh/ing | Mability | Phone Manager Options | \
Hunt Group Membership\‘ Announcements  SIP |Persunal Directory I L

Enter the DID Number used by this User/Ext. ‘
\ S

SIP Display Name (Alias) IE&‘;ZD?

If you use DID Numbers for Users, then enter it here...
This is the “Internal Data”. If it isn't here, calls will fail.

‘ This is what is sent out as the Caller ID ‘

‘ If your SIP Provider allows it.... ‘
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2. Set this...
This allows STUN

@ Clicm to work.....

B  _~ SPLine-Line1r e X v <

SIP Line Transport |Stp URT|VoTP |T38 Fax|SIP Credentials|

ITSP Proxy Address I

y

Metwork Configuration

Layer 4 Protocol / j Send Part IEEIEEI

~|  ustenport |soso

i

|Ise Metwork Ti

Enter the URL or the IP Address of the SIP Provider here... ‘

L Cllck Here...
B P2 seine-uneif

S Line ITransportl SIP URI|volP |738 Faxl SIP ::rgrfentalsl

//

Line Mumber 17 -

ITSP Domain Mame /
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Create an Incoming Call Route for each DID Number:

Here are examples with 3 different DID Numbers, each with a different destination

Incoming Call Route E

| Line Group Id | Destination Incoming Mumber
al? 207 EXT207 5613323801
el? 201 ext201 5618323502
e 17 200 Main 5618323803

Incoming Call Route E

| Line Group Id | Destination Incoming Mumber
el? 207 EXT207 5518323801
al? 201 ext201 5618323802\
e 17 200 Main 5618323803

Incoming Call Route E

| Line Group Id | Destination Incoming Mumber
el? 207 EXT207 5613323801
el? 201 ext201 5618323802
@17 200 Main

17 5618323801

£ -

Standard |'I.|'ui::e Recording I Destinations I

rer Capability
Line Group

Incoming Mumber

Incoming Sub Address

I.ﬁ.ny Voice
I 17

5618323801

—

17 5618323802 £f -

Standard |'I.|'ui::e Recording | Destinations |

Bearer Capability

Incoming Mumber

Incoming Sub Address

Bearer Capability

5618323803
W

I.ﬂ.ny Vaoice

5018323802

L)

17 5618323803 £

Standard |'I.|'ui::e Recording | Destinations |

I.ﬁ.ny Voice
Il]r'

Incoming Mumber

Incoming Sub Address

~|55 18323303

—
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Inbound Call - SIP Call Flow

When a call comes in on a SIP Line, the Called Number (DID) is passed to the Local URI.

Sample:
INVITE sip:2012351234Q@192.168.111.248 SIP/2.0

If that Called Number ) is not there, the Monitor Program will report “Not Found”.

— Edit Channel
Via I{None:b

Eﬂml URI 2012351234 _J d
Contact IUSE Internal Data j
Display Mame IUSE Internal Data j
FAL IN:::nE j
Registration IIZI: <Mone > j

If that Called Number (DID) is there, it is passed on to the Incoming Call Route.

Make sure that you have
an Inc. Call Route for

20 2012351234

Standard |'I.|'ui::e Recording I Destinations I EACH DID Number
] If you don't
Bearer Capability I.ﬁ.ny Voice > the call will fail
[
Line Group ID) IZIZI ;:
Incoming Mumber 2012351234

Where it is routed to its destination.

20 2012351234

Standard | Voice Recording  Destinations |

TimeProfile Destination

3 Default Value 205 Extn205 4
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This is an optional method for the Local URI setting on Page 6.

You can also use a * (STAR) as a wild card in the Local URI area.

Then you will not need to create a separate Local URI for each DID Number.

The * will accept all DID Numbers.

You will still need to create an Incoming Call Route for each DID Number.

— Edit Channel
Via |<None>

[Local urz |:_:| =]
Contact [se Internal Data =]
Display Name |Use Internal Data |
PAI [None |
Registration |o: <None> =]




