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Panasonic KX-NS700
Trusted IP SIP Trunk Service
aka: Non Registering SIP Trunk
1. Mouse Over. Telquest Tech Support

B Login as INSTALLER

@ Users Slot

@ S m) MV : VolP Property J UM Property J
ain
‘ 2- Click Here F,,,,,,,,

System Property - Site

Main VolP-DSP Options Port Humber LAN Status Media Relay SIP Extension Echo Cancellation DSP Conference

Voice (RTP) UDP Port No. (Server) :[12000

Voice (RTP) UDP Port No. (IP-PT / SIP-MLT) : B000

UDP Port Ho. for SIP Extension Server ———— 5065

. 4.Change to 5065 |

2. Click Here... 1. Click Here...

® Ns700 VY

b Login a8 INSTALLER

@ Users

ﬁ PBX Configuratior

Slot

SystemProperty |  ActivaonKey | PPhoreRegsiion |  VoPPropery | UMPoperty |

(&2 1.Configuration
= 1 St Trunk Slot Card Extension Slot Card
[tcots i EEE

pr3 i
DPH2

¢ 2 Portable Station

[E] 3.0ption

(3 4.Clock Priority

(J 5.DSP Resources
(1 2.System

O aroup Panasonic Kx-Ns700 Basic
(0 4Extension :

{J 5.0ptional Device Trunk/DPHEZ EXLension
(1 & Feature
0 7.1RS
(J 8ARS

[z " [Mcsica
(1 9 Private Network r r m

(3 10.cO & Incoming Call
1 2

(3 11.maintenance

¥ UM Configuration

lg Network Service

Select Shell

3. Mouse Over and
Click Here...




Page 2

This screen will appear: V-SIPGW16 = Virtual SIP Trunk Card for 16 Trunks and or Channels

M Ns700 | Web Maintenance Console [Off-line]

B Login as INSTALLER

Slot

@ Users

s- PBX Configuration

System Property J

Activation Key J IP Phone RegistratiunJ

1. Click Here...

VolP Property J UM Property

(== 1.Configuration
& 2 Portable Station
=] 3.0ption
3 4.Clock Priority
(7 5.0SP Resources

Virtual 16-Channel VolP SIP Gateway Card

V-5IPGW16

L]

(I 2.System
& 36rowp Panasonic «
[ 4Extension

(3 5.0ptional Device
(J 6. Feature

3 7mRs

7 8.ARS

3 9 Private Network

3 10.c0 & Incoming Call
(3 11.Maintenance

’? UM Configuration

E‘é Network Service

Trunk Slot Card
MV-SPGW1B

Extension Slot Card
W-IPEXT32

W-SIPEXT32
M-UTEXT32

MIPGW1E

2. This will
appear...

3. Drag and Drop

. Virtual
it here...

Extension

V-SIPGW16 e

Shelf Property
Card Property
Port Property

I:l—

You need to take the card out of service
before you make the changes on Page 3.

L]

When you are done, you need to Reset the KSU.

f:jj 1. Mouse Over

}2. Click Here

Are you sure you want to OUS {out of service) this card?

}/ OK | | cancel

3. Click Here




‘ 1. Mouse Over ‘

~ Vseewls 7 = 2. Click Here ‘

Shelf Property /{1""

------ Card Property

Port Property

INS

This is the Port you will be

Next Screen: listening on for SIP Messages

Shelf Property - Virtual SIP Gateway

Main Timer

A
5IP Client Port Number 115060 -

MNAT Traversal - | Fixed IP Addr. ey 747 2. Set like this ‘
NAT - Vioice (RTP) UDP Port No. 16000

HAT - Keep Alive Packet Sending Ability ;| Disable w

HAT - Keep Alive Packet Type .| None W

NAT - Keep Alive Packet Sending Interval (s) -|20 B2 J 3. Enter the Static
NAT - Fixed Global IP Address H| +T’j:’:*i—i:,i:w Public IP Address
STUN Ability ;| Disable e 1

STUN Client Port Number 1133478

STUN External Address Detection Retry Counter MR -

STUN Rezending Interval 1 500 ms

SIP Called Party Number Check Ability -| Enable _ ,47 4. Set like this

5IP Called Party Humber Search Mode .| Mode1 W

Symmetric Response Routing Ability -| Enable - LS. Click Here

100rel Ability :| Enable(Passive) ~ \\ ‘

Ringback Tone to Qutside Caller ;| Disable w \\ “‘

W

OK\“‘ J Cancel J Apphy J

Next Screen: f;! 1. Mouse Over ‘

Shelf Property

...... Card Property

Port Property

INS
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Next Screen: 1 have cut down the screen to show only the areas of concern....

This example is set up for a SIP Trunk with a total of 5 Channels

1. Don't Touch
Port Property - Virtual SIP Gateway

Select PrnviderJ Add Provider J

Main Account Register HAT Option Calling Party

ALL

alled Party

ALL [ ALL [v] AL

Provider Name
Trunk Pi Chal 1 Attribut
[20 cmrmters,

VoicelFAX RTP/RTCP T.38 T.38 Option DSP Supplementary Service Advanced

1 Virtual 1 1 ous Public //Basm channel VOIP Innuvatlun
2 Virtual 1 2 ous Public / Additional channel for Slot 1 Ch 1
3 Wirtual 1 3 ous Puhl'u?/// Additicnal channel for Slot 1 Ch 1
4 Virtual 1 4 ous ﬁﬁc Additional channel for 1Ch1
5 Virtual 1 5 / S Public iti for Slot 1 Ch 1
2. First Channel 4. Info pNLY
like this... Has nothing to do
with connection...
/
3. Additional Channels
like this...

This is the same screen, I have just scrolled over to the right.....

Port Property - Virtual SIP Gateway

Select ProviderJ Add Provider J

Main Account Register NAT Option Calling Party Called Party Voice/FAX RTPRTCP T.38 T.38 Option

I Port SIP Server Name SIP Server SIP Server IP Address for
(100 characters) IP Address Failover
ALL

1 Virtual 1 1 SIPVOIPINNOV.CON — 5060
= Virtual 1 2 5080
3 Virtual 1 3 5080
4 Virtual 1 4 5080
s Virtual 1 s 5080

DSP

This is the Port you will be
Sending out SIP Messages

tary Service Advanced

SIP Service Domain
Subscriber N
(100 charactere)

~

You only need to enter either the SIP Server Name OR the SIP Server IP Address.

You DO NOT need to enter both.

Enter which ever the SIP Provider has given to you as well as the SIP Server Port Number.
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This is the same screen, I have just scrolled over more to the right.....

Port Property - Virtual SIP Gateway

Select PrnwderJ Add Provider J

Main Account Register

I Port Server IP Address for SIP Server
Failover Port Number
ALL

Virtual
Virtual
Wirtual
Virtual

[ SRR R

Virtual

1
1
1
1
1

NAT

e W=

Option Calling Party

Called Party

5060
S080
s080
5080
s080

1. Enter the Main
Telephone Number

Voicel/FAX RTPIRTCP ‘F Option D3P Supplementary Service Advanced

1
Subscriber Humber P2P Group P2P Group Name
\

2 2‘555121 2

SIP Service Domain
{100 characters)

Next Screen:

Port Property

Select Provider J

—

Main Account Register

Virtual SIP Gate

/ ///
m/

HAT

— =
— -

Option Calling Party

Called Party

Ll C/lick Here

Voice/FAX RTP/IRTCP T.38 T.38 Option DsSP Supplementary Service Advanced

User Name Authentication ID Authentication Password
(64 characters) (64 characters) (32 characters)

Virtual
Wirtual
Virtual
Virtual

G R e N =

Virtual

1
1
1
1
1

LE B S R

ous
ous
ous
ous
ous

Info from SIP Provider Info from SIP Provider Info from SIP Provider ~

Enter the information provided by the SIP Provider.

Note: 1

They do not always call their info by the same Names shown above.

Note: 2

It has been noted that you MUST enter information in these 3 areas for calls to go out.
At the very least, enter the Main Telephone Number in all 3 areas.

You only need to add the info to the Basic Channel (first line) as shown above.

Enter the “User Name” / Main Telephone Number.

If you do not have an “Authentication ID”, or “Authentication Password” just enter the
“User Name” / Main Telephone Number in these 2 areas.

The NS700 will not allow you to enter just a “User Name”.
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Next Screen:

1. Click Here

Port Property - Virtual SIP Gateway

Se.ledev.ide.rJ Add Provider j

Main Account Register NAT Option Calling Party Called Party VoicelFAX RTP/RTCP T.38 T.38 Option DsSP Supplementary Service Advanced

Connection Register Register Sending Un-Register Registrar Server Name Registrar
Ability Interval (s) Ability when port INS {100 characters) IP Addre

|ALL |aLL [s] AL [~] |ALL
1 Virtual 1 1 ous Disable 3600 Enable ~
2 Virtual 1 2 ous Disable 3600 Enable
3 Virtual 1 3 ous Disable 3600 Enable
4 Virtual 1 4 ous Disable Enable
5 Virtual 1 5 ous Disable 3600 Enable

2. Set each
to Disable

Next S :
ext dcreen 1. Click Here

Port Property - Virtual SIP Gateway

Select vaﬂe:) Add Provider J

Main Account Register NAT Option Calling Party Called Party Voice/FAX RTP/IRTCP T.38 T.28 Option DSP Supplementary Service Advanced

Connection e e L Sam:)):‘l:'v';e'trime Sam:)):‘l:'r';e'tfime
P 1st Priority 2nd Priority 3rd
TR TR (T (G.T11A) (G.T11Mu)

[ |ALL | AL [ AL [v] AL [« AL | AL [« AL |
1 Virtual 1 1 ous G.711Mu GTNA G.T254 20ms 20ms [al
2 Virtual 1 2 ous G.711Mu GTNMA G.T204 20ms 20ms
3 Virtual 1 3 ous G.711Mu GTNA G.T7284 20ms 20ms
4 Virtual il 4 ous G.711Mu GTNA G.T7294 20ms 20ms
5 Wirtual 1 5 ous G.711Mu GINMA G.T2594 20ms 20ms
2. Set like this
Note:
You can leave this at the default settings if you want to.
Most SIP Providers in the USA accept the G.711Mu Codec.
G711.A is used mainly in Europe.
>
oK J Cancel J Apply J

3. Click Here




Page 7

Now you need to go back to the Slot and put the V-SIPGW16 Card In Service (INS)

M Ns700 | Web Maintengpe€ Console [Off-line]

b Login a8 INSTALLER

@ vsers Slot

& PBX Configuration

SystemProperty |  ActivaonKey | PPhoreRegsiion |  VoPPropery | UMPoperty |

_ Seman Elensce e

(&2 1.Configuration

¢ 2 Portable Station LCOTE lMesLcts
) 3.0pti PRIZ MCSLEE
3 ion
DPH2 DLC16
(3 4.Clock Priority =
(J 5.DSP Resources b
(1 2.System
ek Panasonic Kx-Ns700 Basic
(3 4 Extension
(7 5.0ptional Device Trunk/DRNZ, i
(1 & Feature
0 7.8
(3 8.ARS

MCsLCY
(1 9.Private Network (\ {\ m

(3 10.cO & Incoming Call
(7 11.Maintenance =

‘¥ UM Configuration

i‘ﬂ- Network Service

Select Shell

2. Mouse Over and
w Click Here...

V-SIPGW16

Shelf Property
Card Property
Port Property

Here
LED turns Green

V-S5IPGW16

=
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Next: You will need to Reset the KSU

The KSU will reboot and be Out of Service for about 3 minutes

Anyone on the phone will be cut off.

9 NS700 | VgieEDMalntenance Console

2. Click Here

@ statos — — System Reset

Login as INSTALLER
] g

P
@ SystemControl i
System Reset || Timed Reset

(7 1.Program Update

07 2moH

.. 3.5ystem Reset

& 4.System Shutdown N

’j\{ Tool

9 Utility

the storage memaory. (Click Backup)

N i}ackup to the storage memory. (Click Skip)

m Cllck Here

The system will be restarted by this operation.
Do you want to restart the system?

| 0K | Cancel

5. Click /Herﬂ

_ 6.Click Here |

When the system comes back up, log back into it:

Before restarting the system, please check the system data.

1. Click Herg

If you restart using the present memory data, you must backup the system data to

you restart using new system data (using files that were transferred) you must

/ Backup | 4 Skip

| Cancel |

4. Click i—Ierﬂ

The system will restart after the completion of this command.

You cannot stop the restart after clicking OK.
Continua?

[] Prevent this page from creating additional dialogs

— Cancel

Go back to the Port Properties, as shown on Page 4, where is says “Don't Touch”.

If the “Connection” shows INS (In Service) then you can start testing your SIP Service.

If the “Connection” shows OUS (Out of Service”) just click on each one and change it to INS.

Note:

When it says INS that does not mean that the SIP Service is working.
You could have a single or multiple errors in your SIP configuration and it will still indicate INS.

What it does mean is that the KSU is ready to use the SIP Service.
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Assigning SIP Service to Dial 9
The NS700 uses Trunk Group Number 1 as the Dial 9 Access Trunks.

1. Click Here

M Ns700 | Web Maintenanggs®nsole [Off-ine]

@ Login as INSTALLER

4. Name Them

@ Users CO Line Settings
& PBX Configuration
|« CO Line Number Port Card Type Trunk Group Number
(7 1.Configuration
(1 2.5ystem ALL ALL
[S] 3.Group 1 Virtual i 1 V-SIPGW16 Basic SIP Channel 1 TTT—
(3 4Extension o Virtual 1 2 VSPOWIE Additonal Channel 1 o i 5.Setto 1
2 . //
(] 5.Optional Device 3, Virtual i 3, V-SIPGW16 Additional Channel 1 ///
/
(3 & Feature 4 Virtual il 4 V-SIPGW16 Additional Channel 1 //
- 2. Click H Virtual 1 5 V-SPGVI1E Additional Channel 1 —
O gaRs * 1 EIE Virual 1 6 \-SPGI1E 2
(J 9.Private Network 7 3. Click Here | 7 \LSPGW16 2
(= 10.C0 & ncoming Cal = Viral 1 s p—— 5
i vita 18 vseows 2
91 2.DL Table & Port Settings 10 Virtual 1 10 V-SPGW1E 2
& 2,001/ DID Table 1 Virtual 1 il VLSPGWE 2
83 5 Miscelieneous 12 Virtual 1 2 \-SPGI1E 2
& 11 Maintenance 13 Virtual 1 13 VSPGWIE )
&4 uw configuration 14 Virtual 1 14 V:3PGWIG 8
15 Virtual 1 15 VSPGWIE 2
i_ﬂ Hetwork Service
16 Virtual 1 16 VSPGWIE |:|2

Page ¢ of1 20 View 1-16 of 16

ok | cencel | sy |

Unused Trunks are assigned to Trunk Group Number 2 so they cannot be accessed by Dial 9.

Assign SIP Service to ring phones:
This is a simple, basic set up to send incoming calls to an Incoming Call Distribution Group.

Your application may be different.

1. Click Here
\ ‘ DIL Table & Port Settings

\
\ ‘ Destination Seftings

D

3. Set all to 601

2. Set all to DIL
\

\ L | cuforniL | ooisoiiTE
[ 10.C0 & Incoming Call | ‘

\
,%-
1.C0 Line Sem"gs o Distribution DIL DesNtion DIL Destination DIL Destination
bz Method . ~Lunch ~Break
w

ﬁ 3,001/ DID Table ALL [¥] /AL
88 & Mizcelaneous 1 Virtual 1 1 V-SIPGW16 Public 801 601 ~
3 11.Maintenance 2 Virtual 1 2 VLSIPGWIE Public DL &0l 801 &0
. 3 Virtual 1 3 V-SIPGWI16 Public DIL 801 601 601
’Q‘ UN Configuration
4 Virtual 1 4 V-SIPGW16 Public DIL 601 601 601
iﬂ Network Service 5 Virtual 1 5 V-SIPGWI1E Public DIL 801 801 801
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Port Opening/Forwarding Information

You will need to “Open” ports 16000 through 16130 UDP to the LAN IP Address of the

DSP Card -1 (See “Get the IP Address of the DSP Card -1” below)
This is to allow RTP (Voice Packets) to reach the KSU.

You will also need to “Open” port 5060 UDP to the KSU's LAN IP Address. (See “A” below)
This allows SIP Signaling to reach the KSU.

Testing

To test outgoing calls, press the Intercom Button on any telephone.
Dial 9 and a telephone number and the call should go through.

Note:
Some SIP Service Providers require you to dial, 1 then the area code and then a 7 digit number.
Example: 18885551212

Some MAY allow 7 digit dialing for local calls.
Ask them how to dial using their service.

To test inbound calls, just call the main number from your cell phone.]
The call should ring all the extensions (Members) of Incoming Call Distribution Group 601.

If calls fail to go through you will need to speak with the SIP Provider to see if you are reaching
their server.

Get the IP Address of the DSP Card -1
@ NS700 | ﬁitguggaintenance Console

t:l Login as INSTALLER A. This is the g @ iﬂ
@ vsers IP Address/Ports ‘ KSU IP address

ﬁ PENeiowatn Basic Settings | Advanced Settings | Reference ‘ Yours Will be different ‘

%4 un configuration "
i IP Address 1192.188.111.201

kg MetworkService —MAC Address.

T B N (080023 AR 2E 94 Scroll Down
DR | subnetMask 1. Click Here 255 255 255 1
(21 2 Server Feature """'»fiij;;;r—”—ii:: .
(1 3.Client Feature DERaIteacwey) 2. Click Here 19z 1681111

& <.0ther
DNS Setting
Part Number 53
Obtain DNS server address automatically
@ Use the following DNS server address
Preferred DNS IP Address :|6.8.88
Alternative DNS IP Address 18844
DSP IP Setting ‘ 3. This is the
(0 Obtain DSP IP address automatically ‘ DSP Card -1 address
@ Use the following DSP IP address . .
DSP Card -1 Yours will be different
IP Address :[192168.111.202 —
MAC Address 08:00:23:AB:2E-95

oK J Cancel J Apply J




Special Note

Since the Audio (RTP) Packets come in to the KSU
via the DSP Cards IP Address, you need a router to
do the Port Forwarding between the KSU and the
SIP Providers Interface box.

SIP Provider

Y our Router
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Special DID Numbers Information

If you have DID Numbers on your SIP Service then you need to do the following

Go to the Virtual SIP Gateway Card and put it Out of Service (OUS)

& 2.croup Panasonic Kx-NsS700
I 4.Extension - 2

(3 5.0ptional Device

O e.Feature 1. Mouse Over the card...

& 71Rs
3 8.ARS

I 9.Private Network
CJ 10.CO & Incoming Call

CJ 11.Maintenance | Shelf Property
%‘ UM Configuration ) Card Property
i.g MNetwork Service Port Property

B B T

Now that the card is Out of Service, on the same Virtual SIP Gateway Card select Shelf Property

O 3.6Group Panasonic Kx-N5700
(3 4Extension -

(3 5.0ptional Device
O &.Feature

& 7788 1. Mouse Over the card...

(3 8.ARS
O 9.Private Network

(3 10.CO & Incoming Call
3 11 Maintenance

M UM Configuration

iﬂ Metwork Service

—
‘ 2. Click here...




Page 12

Change the SIP Called Party Number Search Mode to Mode 2

ﬁ NS700 | \gﬂ\ieb Maintenance Console

.30033

@ Login as INSTALLER

:@ Users
@ PBX Configuration

(& 1.Configuration

2 2 Portable Station
[ 3.0ption
(3 4 Clock Priorty
(] 5.D3P Resources
(7 25ystem
{7 3Group
(1 4Exdension
(J 5.0ptional Device
[ 6 Feature
@ 7ms
(1 8ARS
(1 9Private Network
(7 10.C0 & Incoming Call
(7 11 Maintenance

'M UM Configuration

iﬁ Network Service

Shelf Property - Virtual SIP Gateway

Main || Timer

SIP Client Port Number

NAT Traversal

NAT - Voice (RTP) UDP Port Ho.

NAT - Keep Alive Packet Sending Ability
NAT - Keep Alive Packet Type

NAT - Keep Alive Packet Sending Interval (s)
NAT - Fixed Global IP Address

STUN Ability

STUN Client Port Number

STUN External Address Detection Retry Counter

STUM Resending Interval

SIP Called Party Number Check Ability

1|5367

| Fixed IP Addr.

SIP Called Party Humber Search Mode

Symmetric Response Routing Ability
100rel Ability

Ringback Tone to Outside Caller

:| Enable(Passive)

: Disable |v

2. Click here...

=

//

Now go back and put the Virtual SIP Gateway Card back In Service (INS)

ERA-N K

< 16000
: Disable |
: None v
20 3
1173.149.137.132
: Disable v
133478
3 |w
. Set like this....
1 500 ms |v
;| Enable v
1| Mode2 -
— 1. Click here...
:| Enable

Set to Mode2

Cancel J

OKJ

Apply
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Add the DID Numbers
This will route INBOUND CALLS to the correct extension

ﬁ NS700 | ﬁggﬂ[\gaintenance Console

{§ Loonas NSTALLER m. = H 0 +
@ veers DDI/ DID Table

@ et Gonfiguraion Automatic Reg&tratinnj Name Generatej Destination SemngJ

(= 1.Configuration

3 25yt DI/ DID Number DDI/ DID Name DDl DID Destination - DDI/ DID Destination - DDI/ DID Destination - DDI/ DID Destination - Tenant
ystem (32 digits) {20 characters) Day Lunch Break Night Number
6] 3.Group
102

ALL |v

([ 4Extension
1 12125551212 Jim Smith &
] 5.0ptional Device
2 12125551234 TT—Mary Jones 107
(6 Featurs e
3
& 7ms
4
O 84Rrs

(53 9 private Network
(& 10.C0 & Incoming Call —

1

1

1

1

1

1

3. Add the DID Numbers... ’
| L.Clickhere... | and Destinations :
1

1

1

1

1

1

1

1

4# 1.0 Line Settings — e —
8
48 21DIL Table & Port Settings
g
99 5 Miscelaneous 1 W 2. Click here... ‘
1
(11 Maintenance
12
M UM Configuration p
l-ﬁ Network Service 14
18 v
Q >

page (I of 50+ .. View 1-20 of 1000

oK J Cancel J Apply J

Note:

SIP Providers can use a few different formats for the DID Numbers.

10 digits: 2125551212

11 Digits: 12125551212

+ with 11 digits: +12125551212

You must use the same format when you enter the DID Numbers or they will not work....

It is up to you to determine what format they are using.

Now you can call in and test the DID Numbers.
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Add the PBX-CLIP Numbers
This will send out the correct Caller ID for each extension

@ NS700 \g(\)\iqll:)JOMaintenance Console

B Login as INSTALLER m ,{[‘E E e {H

@ Users g Extension Settings u Click here...

g iy Copy to CLIP Generate _—

(J 1.Configuration -

— =
Main 9 o Answer Time | CLIP | UM | Option1 | Option2Z | Option3 | Option4 | Option5 = Option6 | Option7 | Option 8
£ . 2. 3. Click here. P P P p P o p p »

{20 characters) ] o ‘ 5. Enter a CLIP Number

O 285ystem
& 36roup
= 4Extension—

[ 1 Wired Extension — ALL Bl B——"" for EACH extension...
{4 1.Extension Sefings FRT B0t Johnson 22235123 —Exemswn | Deabe  Diable "
'@ ZFWDioND 2 102 Big Boss 5613323801  Extension Disable  Disable
{87 3.5peed Dial 3 103 Extension Disable  Disable
4 ¢ Flexuie Buton 4 104 Extension Disable  Disable
il 57 Button 5 105 Extension Disable  Disable

Note:

A CLIP Number is the telephone number that will be sent out when the extension
makes outgoing calls.

The SIP Provider will usually only allow you to send out telephone numbers that
have been assigned by them, that is the DID Numbers.



Page 15

Activate the PBX-CLIP feature in the SIP Trunk

Step 1
Go to 1. Configuration then 1. Slot and select Virtual Slot

B. Mouse Over...

—_

Shelf Property
Card Property

LZ. Click here...
_

_
-

® Ns700 | \gxqtgoqr\gaintenance Console

b Login as INSTALLER ) m :LE g 0 ﬂi

@ Users Port Property - Virtual SIP Gateway . Click here...

/
& roxcontauaen Select Provider | Add Provider ——
//
(& 1.Configuration S
Main | Account | Register | NAT Option CaHingFﬁy Called Party | Voice/FAX | RTPIRTCP | T.38 || T.38 Option | DSP Supplementary Service = Advanced

¢ 2 Portable Station
E 3.0ption o oK leadarh F e Part From Header - SIP-URI P-Preferred-identity
2 i it i (100 characters) Header - User Part
(5 4.Clock Priority
ALL [v] ALL Iv I~ ALL
NS

(3 5DsP Resources V] [AL &AL B
(7 25ystem 1 Virtual 1 1 From Header PBX-CLIP User Name A
& 36roup 2 Virtual 1 2 ous From Header User Name User Name
(3 4Extension 3 Virtual 1 3 Qous From Header User Name User Name

O

4. Set like this...

Note:
You must set EACH Port that is INS (In Service) to PBX-CLIP

My example only shows Port 1 as INS.
Testing:

Call your cell phone from an extension that has its CLIP ID set and you should see
that extensions CLIP ID appear as the Caller ID in your cell phone.
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