Configure Jabber Extend and Connect and
Modify Calling Party Display

Contents

Introduction
Prerequisites
Requirements
Components Used
Configure

Network Diagram
Troubleshooting example

Introduction

This document describes how to configure Extend and Connect feature in Jabber and modify the
calling party displayed at the remote destination.

Prerequisites

Cisco Unified Communications Manager (CUCM) 9.1 or above.

Jabber 9.1 or above.

Requirements

Previous experience and knowledge on configuring Jabber with Cisco Unified Communications
Manager and IM and Presence Server is required.

Components Used
The information in this document is based on these software versions:

- Jabber 11.8.2
- Cisco Unified Communications Manager 11.0.1.10000-10
- IM and Presence Server (IMP) 11.0.1.10000-6

The information in this document was created from the devices in a specific lab environment. All of
the devices used in this document started with a cleared (default) configuration. If your network is
live, make sure that you understand the potential impact of any configuration.

Configure



Step 1. Configure the CTI Remote Device (CTI RD) phone profile for the same user who has
Jabber already configured.

-Status

@ Status: Ready

-Association ~Phane Type
i l;::J_Ml_lﬂ_Elmﬁ Product Type: CTI Remote Device
2 wmiline [2] - Addanew DN | peal-time Device Status

Registration: Registered with Cleco Unified Communications Manager
IPvd Address:

~ Device Information

E Davice is Active
ﬂl Device s not trusted

Active Remobe Destination 3001

Ownier User 1D* testuserl
Device Name* CTIRDestuser]
Description

- When you configure the CTI RD, associate to the same Jabber user. The line configuration
will be same as the Jabber Client Services Framework (CSF) device line

- Rerouting calling search space needs to be configured correctly for the remote destination
calls to work

Step 2. Configure the remote destination.

Qsave xDeIete Copy c:}AuaNew

Status
[@ Status: Ready

CTIR te Device r~ Remote Destination Information
Line Line Association Name JabberRD
Line [1] - 1001 in Phones Destination Number* 3001
Owner User ID* testuseri -
" enable Unified Mobility features
Remote Destination Profile™ -- Not Selected -- -
Single Number Reach Voicemail Policy * Use System Default ¥

Enable Single Number Reach
Ring this phone and my business phone at the same time when my business line(s) is dialed.
Enable Move to Mobile
If this is a mobile phone, transfer active calls to this phone when the mobility button on your Cisco IP Phone is pr
V| Enable Extend and Connect
Allow this phone to be controlled by CTI applications (e.g. Jabber)
CTI Remote Device* CTIRDtestuser1

 Timame Tk &3

- In this example | have used 3001 as the remote destination number. This remote destination



number should be an external number (number external to the CUCM cluster where Jabber is
registered, for example another telephony system)
Step 3. Associate the CTI RD profile to the end user.

— Device Information

Controlled Devices BOTTEST1 -
CIPCTEST1

CSFTEST1

CTIRDtestuser1

Step 4. Once you login to Jabber you will see an option to set the Jabber phone services to use
the Extend and Connect device (Use other number for calls). When using "Edit number" option
there should be a matching route pattern for the new number.

Recents w

i toctucardifeic oo comn

Use my computer for calls  »

IE§ Use my desk phone for calls

Y. Disable phone services Edit number...

®_ Forward calls to v Delete number

—-—

- Once we set the Jabber to use Extend and Connect device, the phone icon will display on
Jabber as below.

testuser=@cisco.com

More




Network Diagram

- Call flow for an outbound Jabber Extend and Connect call is illustrated in below image
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Troubleshooting example

In this example when the remote destination ("other number") rings, it does not have a calling
party number displayed. Due to this, they cannot distinguish whether the call is from an external
party or from Jabber using Extend and Connect. When using Extend and Connect, CUCM initiates
the call to the remote device and does not send calling party information by default.

We can see in the following Digit Analysis excerpt for an Extend and Connect call that the
CallingPartyNumber field is empty.

16766318. 007 | 19:17:23.127 |Applnfo |Digit analysis: patternUsage=5

16766318. 008 | 19:17:23.127 | Applnfo |Digit analysis: match(pi="1", fgcn="", cn="", plv="5",
pss="test: Phones", TodFilteredPss="test: Phones", dd="3001", dac="0")

16766318. 009 | 19:17:23.127 |Applnfo |Digit analysis: analysis results

16766318. 010 | 19: 17: 23. 127 | Applnfo || PretransformCal | i ngPartyNunber =

| Cal i ngPart yNunber =

| Di al i ngPartiti on=Phones

| Di al i ngPat t er n=3001

| Ful I yQual i fi edCal | edPartyNumber =3001



| Di al i ngPat t er nRegul ar Expr essi on=(3001)
| Di al i ngWher e=

| Patt er nType=Ent erpri se

| Pot ent i al Mat ches=NoPot ent i al Mat chesExi st
| Di al i ngSdl Processl d=(0, 0, 0)

| PretransfornDigitString=3001

| PretransforniragsLi st =SUBSCRI BER

| PretransfornmPosi tional Mat chLi st =3001

| Col | ect edDi gi t s=3001

| UnconsunedDi gi t s=

| TagsLi st =SUBSCRI BER

| Posi ti onal Mat chLi st =3001

| Voi ceMai | box=

| Voi ceMai | Cal | i ngSear chSpace=Ad obal Learned E164 Numbers: Directory URI: Phones
| Voi ceMai | Pi | ot Nunber =88800

| Rout eBl ockFl ag=Rout eThi sPattern

| Rout eBl ockCause=0

| Al erti ngNane=

| Uni codeDi spl ayNanme=

| Di spl ayNaneLocal e=1

| Over |l apSendi ngFl agEnabl ed=0

| Wt hTags=

In a SIP INVITE, the calling party number can be seen following the sip: tag in the From header.

In the excerpt below, it can be seen that the calling party number is not contained in the INVITE
(sip:10.66.87.195) and the calling party name display being sent is VoiceConnect.

16766935. 001 | 19:17:25.831 | Applnfo | SIPTcp - wait_Sdl SPI Signal: Qutgoing SIP TCP nessage to
10. 66. 87. 204 on port 5060 index 1146

[ 1276581, NET]

I NVI TE si p: 3001@0. 66. 87. 204: 5060; transport=tcp SIP/ 2.0

Via: SIP/2.0/ TCP 10. 66. 87. 195: 5060; br anch=z9hG4bK6dae5b551945

From "Voi ceConnect" <sip:10.66.87.195>;tag=634549~59c9c4bc- 724d- elf 0- 017a- a8992d4f c521- 19395629
To: <sip:3001@0.66.87.204>; tag=325889~2a8670d1- cf 49- 4a53- ae8f - 36c41a8e75cf - 23913736
Date: Thu, 18 May 2017 09:17: 25 GVI

Call-1D: cbe81900-91d166a3-6d704- c357420a@l0. 66. 87. 195

Supported: tiner,resource-priority,replaces

User - Agent: Ci sco- CUCMLO. 5

Al low INVITE, OPTIONS, |NFO BYE, CANCEL, ACK, PRACK, UPDATE, REFER, SUBSCRI BE, NOTI FY
CSeq: 105 INVITE

Max- Forwar ds: 70

Expires: 180

Al ow Events: presence

Call -Info: <urn:x-cisco-renotecc: callinfo>; x-cisco-video-traffic-class=VI DEO UNSPEC!I FI ED
Supported: X-cisco-srtp-fall back

Supported: Geol ocation

Sessi on- Expires: 1800; refresher=uas

M n- SE: 1800

P- Asserted-ldentity: <sip:1003@0.66.87. 195>

Renmote-Party-ID: <sip: 1003@0. 66.87. 195>; party=cal | i ng; screen=yes; pri vacy=of f

Contact: <sip:10.66.87.195:5060;transport=tcp>

Content-Length: 0O

To receive a calling party number on the remote device, it will need to be configured as one of the
following:

- Calling Party Transform Mask on trunk configuration
- Calling Party Transform Mask on the route pattern
- Voice translation rule on the Cisco Gateway

When the trunk Direct Inward Dial (DID) number is configured on the route pattern (Calling Party
Transform Mask), the Digit Analysis shows that the CallingPartyNumber field is updated.



16759993. 008 | 19: 12: 08. 414 | Applnfo |Digit analysis: match(pi="1", fqgcn="", cn="", plv="5",
pss="test: Phones", TodFilteredPss="test: Phones", dd="3001", dac="0")
16759993. 009 | 19: 12: 08.414 | Applnfo |Digit analysis: analysis results
16759993. 010 | 19: 12: 08. 414 | Appl nfo || PretransforntCal | i ngPart yNunber =
| Cal I i ngPart yNunber =777777

| Di al i ngPartition=Phones

| Di al i ngPat t er n=3001

| Ful  yQuali fi edCal | edPart yNunber =3001

| Di al i ngPat t er nRegul ar Expr essi on=(3001)

| Di al i ngWher e=

| Patt er nType=Ent erpri se

| Pot ent i al Mat ches=NoPot ent i al Mat chesExi st

| Di al i ngSdl Processl d=(0, 0, 0)

| PretransfornDigitString=3001

| PretransforniragsLi st =SUBSCRI BER

| PretransfornmPosi tional Mat chLi st =3001

| Col | ect edDi gi t s=3001

| UnconsunedDi gi t s=

| TagsLi st =SUBSCRI BER

| Posi ti onal Mat chLi st =3001

| Voi ceMai | box=

| Voi ceMai | Cal | i ngSear chSpace=Ad obal Learned E164 Numbers: Directory URI: Phones
| Voi ceMai | Pi | ot Nunber =88800

| Rout eBl ockFl ag=Rout eThi sPattern

| Rout eBl ockCause=0

| Al erti ngNane=

| Uni codeDi spl ayNanme=

| Di spl ayNaneLocal e=1

| Over | apSendi ngFl agEnabl ed=0

| Wt hTags=

The SIP INVITE to the remote destination shows the calling party number as trunk DID. This
results in the trunk DID being displayed as the calling party number when CTI RD rings.

16484506. 001 | 18: 32: 10. 720 | Applnfo | SIPTcp - wait_Sdl SPI Si gnal : Qutgoing SIP TCP nessage to
10. 66. 87. 204 on port 5060 index 951

[ 1255331, NET]

I NVI TE si p: 3001@L0. 66. 87. 204: 5060 SIP/2.0

Via: SIP/ 2.0/ TCP 10. 66. 87. 195: 5060; br anch=z9hG4bK6bd621bee81d7

From "Voi ceConnect" <sip:777777@l0. 66. 87. 195>; t ag=624206~59c9c4bc- 724d- elf 0- 017a- a8992d4f c521-
19395539

To: <sip:3001@0. 66. 87. 204>

Date: Wed, 17 May 2017 08:32:10 GMI

Cal | -1D: 506b6680-91cl0a8a- 6ba4d- c357420a@l0. 66. 87. 195

Supported: tiner,resource-priority,replaces

M n- SE: 1800

User - Agent: Ci sco- CUCMLO. 5

Allow INVITE, OPTIONS, INFO BYE, CANCEL, ACK, PRACK, UPDATE, REFER, SUBSCRI BE, NOTIFY
CSeq: 101 INVITE

Expires: 180

Al'l ow Events: presence, kpn

Supported: X-cisco-srtp-fallback, X-cisco-original-called

Cal | -1 nfo: <sip:10.66.87.195: 5060>; net hod="NOTI FY; Event =t el ephone- event ; Dur ati on=500"
Cal | -1 nfo: <urn:x-cisco-renotecc: callinfo>; x-cisco-video-traffic-class=VI DEO UNSPEC!I FI ED

Ci sco- Gui d: 1349215872-0000065536- 0000000144- 3277275658

Sessi on- Expires: 1800

P- Asserted-ldentity: "VoiceConnect" <sip:777777@l0. 66.87. 195>

Rerot e- Party- I D: "Voi ceConnect" <sip:777777@0. 66. 87. 195>; party=cal | i ng; screen=yes; pri vacy=of f
Contact: <sip:777777@0. 66.87.195: 5060; transport =t cp>;i sFocus

Max- Forwar ds: 70

Content-Length: O
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