Page 1

Avaya IP Office Essential Edition
Extension Sends Its DID Number wvia SIP

Telquest Tech Support

i Lser (25) Hunt: Group Membership | Announcements | SIP

.................

1. Click here... 2. Click here...
This TAB will only appear if any SIP Lines “Local URI”
is set to “Use Internal Data” See Page 3...
SIP Marme SIP-Narne From: "3IP-Display-Name™ <zip:3IP-Namefcallcentric. coms:
SIP Display Mame (8lias) | SIP-Display-Mame From: "3IP-Display-Name™ <sip:3IP-Namefcallcentric.coms:
Contack /\ Conkact-Marme Contact: "3IP-Display-Name™ <zip:Contact-Name@19Z,
IP Office Settings This is what is sent

to the ITSP

Place the number you want to send in all 3 of the IP Office Settings. (SIP Name, SIP Display, Contact)
Different ITSP's use different areas for the number you want to send.

From: “SIP-Display-Name” <sip:SIP-Name(@callcentric.com>

SIP Name area

From: “SIP-Display-Name” <sip:SIP-Name(@callcentric.com>

SIP Display Name (Alias) area |

Contact: “SIP-Display” <sip:Contact-Name@callcentric.com>

Contact area
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Here is the actual Invite Message that was sent. (SDP removed)

This area is used by many I'TSP's as YOUR OUTGOING Caller ID info.

<sip:SIP-Name@callcentric.com>
Is called the SIP URI

INVITE sip:17771234567Q@callcentr)
Via: SIP/2.0/UDP 192.168.111.1301
From: "SIP-Display-Name" <sip:SI
To: <sip:17771234567@callcentric.com>

Call-ID: 3343bab029ddabee2d4321b5dafa75ce@192.168.111.130

CSeqg: 1377663495 INVITE

Contact: "SIP-Display-Name" <sip:Contact-Name@192.168.111.130:5060; transport=udp>
Max-Forwards: 70

Allow: INVITE, ACK, CANCEL,

TIQPNS, BYE, REEFER, NOT INFO, UPDATE

Content-Type: application/&dp
Supported: timer
Content-Length: 304

<sip:Contact-Name@192.168.111.130:5060; transport=udp>
Is called the Contact Info

Some ITSP's may use this area for YOUR OUTGOING Caller ID info

Note:
Even though you may change any of the settings, the ITSP may reject
it and only allow you send info that is recognized by them as wvalid.

This means that if you have a bank of DID Numbers from the ITSP, you
can ONLY send any of the numbers that you have subscribed to.

If you send a number that is not in your bank of DID's, then they
will most likely reject it and the call may not go through.


mailto:SIP-Name@callcentric.com
mailto:Contact-Name@192.168.111.130
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Making changes in the Local URI of a SIP Line (aka SIP Trunk)

= / 1. Click here...
- - Line (8)

2. Select or Create a SIP Line

3. Click here...

SIP Line| Transport| SIP URT (valP | T38 Fax | SIP Credentials

Line Mumber | Line Type

11 Analogue Trunk
Tiz &nalogue Trunk)
T3 Analogue Trunk
T4 fnalogue Trunk
5 PRI 24 (Univers
g, 17 SIP Ling
15 SIP Line
.19 SIF Line

4. Click here... !x o
add...

Remove
FYI: “Local URI” = “SIP Name” in User settings... Edit...
Edit Channel
fia =tlone> ‘; 5. Change to this...
Local URI Use Internal Data W
Contack Use Credentials User Mame w
Display Marme Use Credentials User Mame w
Pal Mone w
Reqiskration 0: <Mone’= b
Incoming GEroup n
Cukgoing Group 0|
Max Calls per Channel (10 E

Note:

The SIP Line will send out the Users

“SIP Name”

“Use Internal Data” means to use the USERS SIP setting.

(usually the DID

Number)in the “From:” “SIP URI” portion of the SIP Header.
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,Tj( Line (8) ﬁ! 1. Click Here...

2. Select your SIP Line

— =

Line Mumber
T
T2
T3
T14
e
e 17
18
.19

3. This tab...

Line Type Line SubType

Analogue Trunk
Analogue Trunk
Analogue Trunk
Analogue Trunk

PRI 24 {Universal) PRI
SIP Line

SIP Line

SIP Line

V-
5IP Line |Transport| SIP URI YoIP |T38 Fax SIP Credentials

Line Mumber 17 -

ITSP Domain Name  [callcentric.com

Prefix |
Mational Prefix 0
Country Code
International Prefix |00

Send Caller ID P Asserted ID

Association Method |By Source IP address

M1 e -

Send Caller ID Mone

In!

Use

Che

4. Try this setting first

——

Diversion Header —
P Asserted ID
Remote Party ID

5. If it does not work,

Try each of the other settings




