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C H A P T E R  1
Cisco Unified CME Features Roadmap

This roadmap lists the features documented in the Cisco
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C H A P T E R  2
Cisco Unified CME Overview

Important Information about Cisco IOS XE 16 Denali,
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License Authorization:
Status: AUTHORIZED
Last Communication Attempt: SUCCESS
Next Communication Attempt: May 13 07:11:48 2016 UTC

License Usage:

License Entitlement tag Count Status
-----------------------------------------------------------------------------
regid.2014-12.com.ci... (ISR_4351_UnifiedCommun..) 1 AUTHORIZED
regid.2016-10.com.ci... (CME_EP)

http://www.cisco.com/c/en/us/td/docs/routers/access/sw_activation/SA_on_ISR.html


To support H.323 call transfers and forwards to network devices that do not support





http://www.cisco.com/c/en/us/td/docs/ios/voice/cdr/developer/guide/cdrdev.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/cdr/developer/guide/cdrdev.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/tsd-products-support-series-home.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/command/reference/vr_book.html
http://www.cisco.com/c/en/us/support/ios-nx-os-software/ios-software-releases-12-4-t/products-command-reference-list.html
http://www.cisco.com/c/en/us/support/ios-nx-os-software/ios-software-releases-12-4-t/products-command-reference-list.html
http://www.cisco.com/en/US/docs/ios/12_3/vvf_c/cisco_ios_voice_configuration_library_glossary/vcl.htm
http://www.cisco.com/c/en/us/support/ios-nx-os-software/ios-software-releases-12-4-t/products-installation-and-configuration-guides-list.html
http://www.cisco.com/c/en/us/support/ios-nx-os-software/ios-software-releases-12-4-t/products-installation-and-configuration-guides-list.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/monitor/configuration/guide/12_4t/vt_12_4t_book.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/monitor/configuration/guide/12_4t/vt_12_4t_book.html
http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/dialpeer/configuration/12-4t/vd-12-4t-book.pdf
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/22373-1stage2stage.html
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/22373-1stage2stage.html
http://www.cisco.com/c/en/us/support/docs/voice/call-routing-dial-plans/14074-in-dial-peer-match.html
http://www.cisco.com/c/en/us/support/docs/voice/call-routing-dial-plans/14074-in-dial-peer-match.html
http://www.cisco.com/c/en/us/support/docs/voice/call-routing-dial-plans/14074-in-dial-peer-match.html
http://www.cisco.com/c/en/us/support/docs/voice/call-routing-dial-plans/20595-translation-rule-acd.html
http://www.cisco.com/c/en/us/support/docs/voice/call-routing-dial-plans/20595-translation-rule-acd.html
http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/ipaddr/config_library/12-4/ipadd-12-4-library.html
http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/ipaddr/config_library/12-4/ipadd-12-4-library.html
http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/fax/configuration/12-4t/vf-12-4t-book/vf-fxmdm-oip-ov.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/voiceport/configuration/guide/12_4t/vp_12_4t_book.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/voiceport/configuration/guide/12_4t/vp_12_4t_book.html
http://www.cisco.com/c/en/us/td/docs/ios/12_4t/12_4t2/ht1vg224.html
http://www.cisco.com/c/en/us/td/docs/ios/12_4t/12_4t2/ht1vg224.html
http://www.cisco.com/c/en/us/products/collateral/unified-communications/vg-series-gateways/product_data_sheet09186a00801d87f6.html


http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/h323/configuration/12-4t/voi-h323-12-4t-book/voi-h323-overview.html
http://www.cisco.com/c/en/us/support/ios-nx-os-software/ios-software-releases-12-4-t/products-installation-and-configuration-guides-list.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html
http://www.cisco.com/c/en/us/td/docs/ios/security/configuration/guide/12_4/sec_12_4_book.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/sip/configuration/guide/12_4t/sip_12_4t_book.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-programming-reference-guides-list.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/ivr/configuration/guide/tcl_c.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/ivr/configuration/guide/tcl_c.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/vxml/developer/guide/vxmlprg.html
http://www.cisco.com/c/en/us/td/docs/solutions/Enterprise/WAN_and_MAN/QoS_SRND/QoS-SRND-Book.html
http://www.cisco.com/c/en/us/td/docs/solutions/Enterprise/WAN_and_MAN/QoS_SRND/QoS-SRND-Book.html
http://www.cisco.com/en/US/docs/voice_ip_comm/unity/401/integration/guide/ITCMX30.html
http://www.cisco.com/en/US/docs/voice_ip_comm/unity/401/integration/guide/ITCMX30.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/integration/unity_exp/configuration/guide/cue_cme1.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/integration/unity_exp/configuration/guide/cue_cme1.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/cdr/developer/guide/cdrdev.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/xml/developer/guide/xmldev.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cuipph/all_models/xsi/9-1-1/CUIP_BK_P82B3B16_00_phones-services-application-development-notes.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cuipph/all_models/xsi/9-1-1/CUIP_BK_P82B3B16_00_phones-services-application-development-notes.html
http://www.cisco.com/go/mibs
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http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/requirements/guide/33matrix.html
http://tools.cisco.com/ITDIT/CFN/jsp/index.jsp


http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html


What existing or preferred billing method do you want to use for transferred and forwarded calls?

Do you need to optimize network bandwidth or minimize voice delay?

Because these factors can limit your choices for some of the configuration decisions that you will make when
you create of a dialing plan,

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/srnd/design/guide/cmesrnd.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/srnd/design/guide/cmesrnd.html


http://www.cisco.com/c/en/us/support/docs/voice-unified-communications/unified-communications-manager-express/107626-cme-toll-fraud.html








DocumentationTask

Modify Cisco Unified IP Phone Options, on page
1437

Cq ions
CI m ge

UBCᴎ am e s ƕ e



http://www.cisco.com/c/en/us/products/cloud-systems-management/network-assistant/index.html


Step 5 Identify DRAM and flash memory requirements for the Cisco Unified CME version and Cisco router model you are
using. To find Cisco Unified CME specifications, see the appropriate Cisco Unified CME Supported Firmware, Platforms,
Memory, and Voice Products.

Step 6 Compare the amount of memory required to the

http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/requirements/guide/33matrix.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/requirements/guide/33matrix.html




http://www.cisco.com/c/en/us/support/cloud-systems-management/network-assistant/products-release-notes-list.html
http://www.cisco.com/c/en/us/support/cloud-systems-management/network-assistant/products-release-notes-list.html
http://www.cisco.com/c/en/us/td/docs/net_mgmt/cisco_network_assistant/version2_0/quick/guide/gsg/install.html
http://www.cisco.com/c/en/us/td/docs/net_mgmt/cisco_network_assistant/version2_0/quick/guide/gsg/install.html


SUMMARY STEPS

1. enable
2. vlan database
3. vlan vlan-number name vlan-name
4. vlan vlan-number name vlan-name
5. exit
6. wr
7. configure terminal
8. macro global apply cisco-global
9. interface











http://www.cisco.com/c/en/us/support/cloud-systems-management/configuration-professional/tsd-products-support-series-home.html
http://www.cisco.com/c/en/us/support/cloud-systems-management/configuration-professional/tsd-products-support-series-home.html
http://www.cisco.com/c/en/us/support/cloud-systems-management/configuration-professional/tsd-products-support-series-home.html
http://www.cisco.com/c/en/us/products/cloud-systems-management/network-assistant/index.html
http://www.cisco.com/en/US/products/sw/voicesw/ps5520/prod_maintenance_guides_list.html
http://www.cisco.com/en/US/products/sw/voicesw/ps5520/prod_maintenance_guides_list.html


http://www.cisco.com/c/en/us/solutions/service-provider/solutions-cloud-providers/index.html


Files required for the operation of the GUI must be copied into flash memory on the router





http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/requirements/guide/33matrix.html
http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp
http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp


Basic Files
A tar archive contains the basic files you need for Cisco Unified CME. Be sure to download





http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/bacd/configuration/guide/cme40tcl.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/bacd/configuration/guide/cme40tcl.html
https://software.cisco.com/download/navigator.html?i=rt
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/tapi/developer/guide/tapidev.html


http://www.cisco.com/cgi-bin/tablebuild.pl/ip-key




http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html




http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cuipph/7960g_7940g/mgcp/firmware/matrix/frmwrup.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cuipph/7960g_7940g/mgcp/firmware/matrix/frmwrup.html












PurposeCommand or Action











Use this command to learn the filenames associated with that phone firmware

Router# show flash:

31 128996 Sep 19 2005 12:19:02 -07:00 P00307020300.bin
32 461 Sep 19 2005 12:19:02 -07:00 P00307020300.loads
33 681290 Sep 19 2005 12:19:04 -07:00 P00307020300.sb2
34 129400 Sep 19 2005 12:19:04 -07:00 P00307020300.sbn

Step 2 show ephone





http://www.cisco.com/c/en/us/td/docs/solutions/Enterprise/WAN_and_MAN/QoS_SRND/QoS-SRND-Book.html










PurposeCommand or Action

Configures the maximum time interval allowed between two
consecutive NOTIFY messages for a single DTMF event£ v



Do not perform this task if you already have a DHCP server on the LAN that









SUMMARY STEPS

1. enable
2. configure terminal
3. service dhcp
4. interface type number
5. ip helper-address ip -address
6. end

DETAILED STEPS



















Configure DTMF Relay for H.323 Networks in Multisite Installations
To configure DTMF relay for H.323 networks in a multisite installation only, perform



If you are configuring Cisco Unified CME for the first time on this router and you are ready to configure
system parameters. For more information, see System-Level Parameters, on page 149.

If you are finished modifying network parameters for an already configured Cisco Unified CME





Verify SIP Trunk Support Configuration
To verify SIP trunk configuration, perform the following M





http://www.cisco.com/go/cfn














Server: Cisco-SIPGateway/IOS-12.x

CSeq: 240 REGISTER

Mime-Version: 1.0

> < x-cisco-remotecc-response > < response > < code > 200 < /code > < optionsind >
< combine max="6" > < remotecc >

< status/ > < /remotecc > < service-control/ > < /combine > < dialog usage="shared
line" >











The configuration files are shared by the HTTP and TFTP servers. However, the firmware files are different
for each server.

Note

For more information on Phone Firmware





only those files that are in flash:/cme/loads/ can be accessed.

But when it is the root directory













http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/interface/command/ir-cr-book.html










00:00:34: %LINK-3-UPDOWN: Interface ephone_dsp DN 1.2, changed state to up
.

Step 2 Use the show ephone socket command to verify if IPv4 only, IPv6 only, or dual-stack (IPv4/IPv6) is configured in
Cisco Unified CME. In the following example, SCCP TCP listening socket (skinny_tcp_listen_socket fd) values 0to













P u r p o s e

C o m m a n d  o r  A c t i o n

� , � G � H � Q � W � L � I � L � H � V

� D

� & � L � V � F � R

� 8 � Q � L � I � L � H � G� , � 3

� S � K � R � Q � H

� I � L � U � P � Z � D � U � H

� I � L � O � H � W � R � E � H

� X � V � H � G

� E � \ � S � K � R � Q � H � V � R � I

� W � K � H

� V � S � H � F � L � I � L � H � G

� W � \ � S � H

� Z � K � H � Q

� W � K � H � \







Block Automatic Registration for SCCP Phones

Before You Begin

Cisco Unified CME 4.0 or a later version.

SUMMARY STEPS

1. enable
2. configure



Define Per-Phone Configuration Files and Alternate Location for SCCP Phones

Restriction TFTP does not support file deletion.When configuration files are updated, they overwrite any existing
configuration files with the same name. If















PurposeCommand or Action

Returns to privileged EXEC mode.end

Example:



http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/admin/configuration/guide/cmeadm/cmeapi.html








SUMMARY STEPS

1. enable
2. configure terminal
3. voice register global
4. mode cme
5. sour







DETAILED STEPS









DETAILED STEPS







Restriction Only Cisco 8951, 9951, and 9971 SIP IP Phones are supported.

No IPv6 support for the HFS download service.

Before You Begin

Cisco Unq





PurposeCommand or Action

Enters voice register global configuration mode to







P u r p o s e

C o m m a n d  o r  A c t i o n � ( � Q � W � H � U � V � Y � R � L � F � H � U � H � J � L � V � W � H � U � J � O � R � E � D � O � F � R � Q � I � L � J � X � U � D � W � L � R � Q � P � R � G � H � W � R � V � H � W

� S � D � U � D � P � H � W � H � U � V� I � R � U� D � O � O� V � X � S � S � R � U � W � H � G

� 6 � , � 3

� S � K � R � Q � H � V� L � Q� & � L � V � F � R� 8 � Q � L � I � L � H � G � & � 0 � ( � � � Y � R � L � F � H � U � H � J � L � V � W � H � U � J � O � R � E � D � O E x a m p l e :

� 5 � R � X � W � H � U � � � F � R � Q � I � L � J � � � Y � R � L � F � H � U � H � J � L � V � W � H � U � J � O � R � E � D � O S t e p  3

� $ � O � O � R � Z � V� W � R

� F � R � Q � I � L � J � X � U � H

� R � Y � H � U � O � D � S 9 
 3 6 6  T m 
 ( � L  4 0 0 J . 3 3 8 D �  4 0 0 J 2 8 7 . 7 3 1  l 
 3 2 0 . 5 3 8 2 0 . 5 3 8 S 9 
 3 1  l 
 3 2 0 . 5 3 5 8 . 2 1 2 8 8 0 O � D � S 1 2 0 0 0 D � S 6 j 5 6  7 3 
 3 6  2 5 0 . h 6 7 6 3 2 l D � O ) T 9  0  1  3 2 3 0 1 0 8 6  3 5 9 8 X � S � S � R � U , 0 . 9 3 3 8 D �  4 0 0 J 2 8 7 . 7 S � S � R � U � O � 6 0 0 0 L � I � L � H � G � F � R � Q � I � L � J � X � U 0 0 0 L �  T m 
 ( � R � Y � H � U � O 0 0 0 H � U ) T j 5 6  0  0  1  1 6 6 . 9 9 8 8 6  5 1 9  1 8 9 m 
 ( � J � O � R � E � D � O ) T j 5 7 5 8 . 0 8 5  T 3 5 6  0  0  5 7 8 . 0 6 8 m p l e :

� 0  T m 
 5 3 8 S 9 
 3 1  l R � J � 0 0 0 5 � R � Q � I � L � J � X � U 0 0 0 L �  T m 
 ( � R � Y � H � U � O 0 0 0 H � U ) T j 5 6  0  0  1  2 5 0 . h 6 7 6 3 1  T 8 4 4  T m 
 ( � J 4 0 0 0 O � R � E � D � O ) T j 5 / 5 5 6 . 5 0 R 1 . 8 6 7 6 3 5 6 . 6 5 3  T [ � R � W t e p  3 � ( � Q � W � H � U � 5 8 . 8 . 5 5 6 . 5 0 R 1 . 8 6 7 6 3 5 6  l 
 3 6 6  T m 
 ( � Y � R � L � F � H ) T j 5 6  0  0  1  3 7 7  9 3 . 5 5 6 . 5 0 R 1 . 8 6 7 6 3 5 6 5 3 8 S 9 
 3 1  l R � J � J � O � R � E � D � O � F � T c 
 5 3 . 5 5 6 . 5 0 R 1 . 8 6 7 6 3 5 6 J � X � U � D 0 0 0 L � I � L � H � G







timer receive-rtp 1200
!
sip-ua

protocol mode dual-stack preference ipv6
!
!
telephony-service
protocol mode dual-stack preference ipv6
sdspfarm conference mute-on 111 mute-off 222
sdspfarm units 2
sdspfarm transcode sessions 20



Example for System-Level Parameters
The following example shows the system-level configuration for a Cisco Unified CME that can support



tftp-server flash:cnu70.2-7-6-26.sbn

tftp-server flash:Jar70.2-9-2-26.sbn
! 7970/71 firmware



Example for Enabling the HFS Download Service for Cisco Unified SIP IP Phone
The following example shows how to enable the HFS download service:

Router(config)#



Example for Redundant Router for SCCP Phones
The following example is configured on the primary Cisco Unified CME router. It establishes









ipv4 20.20.20.1

media flow-around

allow-connections sip to sip

!

voice class media 10

media flow-around

!

!

voice register global

max-pool 10

overlap-signal

!

voice register pool 5

overlap-signal

!

!

A ler

gn n ter rer p ro rliŧ ro i onn l n s ns er

http://www.cisco.com/go/cfn










For Cisco Unified IP phones that are running SIP and are connected directly to Cisco Unified CME,
Cisco Unified CME 3.4 or a later version must be installed on the router. See Install Cisco Unified CME
Software, on page 105.

Procedures in Network Parameters, on page 121 and

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html










Can be dual-line (SCCP only) or single-line directory numbers-

r r r

271.40�10 1 267�EZ�D03�R0371 267�EXH80R�.86 637�E�93 69R7 Tm
(80R�Q)g
B637�E�93 69RZ0U�\303.53�U1T
B637�E�93 69R20R�U�\













You can overlay up to 25 lines on a single button. A typical use of overlaid directory numbers would be to
create a 10x10 shared line, with 10 lines in an overlay set shared by 10 phones, resulting in the possibility
of 10 simultaneous calls to the same number. For configuration information, see Creating Directory Numbers
for a Simple Key System on SCCP Phone, on page 282.

Auto Registration of SIP Phones on Cisco Unified CME

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_a1ht.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_a1ht.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_a1ht.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_a1ht.html












quality than G.729 but less than G.711. Supporting codecs that have standardized use in other

http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/187/1_0/english/administration/guide/sip/187adm80.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/187/1_0/english/administration/guide/sip/187adm80.html








Busy Trigger and Channel Huntstop for SIP Phones
Cisco Unified CME 7.1 introduced busy trigger and huntstop channel support



Cisco Unified 6921, 6941, 6945, 6961, 8941, and 8945 SIP IP Phones
In Cisco Unified CME 9.0,





http://www.cisco.com/c/en/us/support/collaboration-endpoints/unified-ip-phone-7900-series/products-user-guide-list.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
http://www.cisco.com/c/en/us/support/collaboration-endpoints/unified-ip-phones-9900-series/products-maintenance-guides-list.html
http://www.cisco.com/c/en/us/support/collaboration-endpoints/unified-ip-phones-9900-series/products-maintenance-guides-list.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cuipph/8800-series/english/adminguide/P881_BK_C136782F_00_cisco-ip-phone-8800_series.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cuipph/8800-series/english/adminguide/P881_BK_C136782F_00_cisco-ip-phone-8800_series.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html


Configure Phones for a PBX System
This section contains the following tasks:

Create Directory Numbers for SCCP Phones
To create a directory number in Cisco



DETAILED STEPS





http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
















Restriction Valid characters in voice register dn include 0-9, '.', '+', '*', and '#'.

To allow insertion of '#' at any place in voice register dn, the CLI "allow-hash-in-dn" is configured
in voice register global mode.

When the CLI "allow-hash-in-dn" is configured, the user is required to

co ny











!
voice register pool 124
busy-trigger-per-button 2
id mac 0017.E033.0284
type 7965
number 1 dn 24

!
voice register pool 125
busy-trigger-per-button 3
id mac 00E1.CB13.0395
type 7965
number 1 dn 24

What to Do Next

If you have SIP and SCCP phones connected to the same Cisco Unified CME, see Configure



DETAILED STEPS











What to Do Next

If you are done modifying parameters for SIP phones, you must generate a new configuration profile





SUMMARY STEPS

1. enable
2. configure terminal
3. voice register dn dn-tag
4. number number
5. no-reg
6. end

DETAILED STEPS



What to Do Next

If you want to configure the G.722-64K codec for all calls through your Cisco Unified CME system,
see Modify the Global Codec, on page 278. '









What to Do Next

If you want to select the session-transport protocol for a SIP phone, see Select Session-Transport Protocol
for a SIP Phone, on page 275.

If you are finished configuring SIP







To only enable direct status monitoring of the FXO port on the line button of the IP



Restriction Directory number with a trunk line cannot be configured for call



SUMMARY STEPS

1. enable
2. configure terminal
3. ephone-dn dn-tag
4. number number [secondary number] [no-reg [both | primary]]
5. trunk trunk-tag [timeout seconds] monitor-port port
6. end

DETAILED STEPS





destination-pattern 812
port 1/0/1

dial-peer voice 813 pots
destination-pattern 813
port 1/0/2

dial-peer voice 814 pots
destination-pattern 814
port 1/0/3

What to Do Next

You are ready to configure each individual phone and assign button numbers, line�D�H�D�W�W�HL00G�H�V�WF00H�U�V���D�Q�G









number 801
trunk 811 transfer-timeout 30 monitor-port 1/0/0
huntstop channel

ephone-dn 52 dual-line
number 802
trunk 812 transfer-timeout ḓ V monitor-port 1/002 huntstop channel ephone-dn Ė2 dual-line number 8ę>ne trunk 8Ē2 transfer-timeout ḓ 1 ra pens 2 K \ P 1 eotsner 811 812 8Ò2 8$ut P rt P rt 11 P Ò2 P ἠ si or-port 1/0/0 si or-port 1/001







http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cata/186_188/3_0/english/administration/guide/sccp/sccp3_0.html












SUMMARY STEPS

1. enable
2. configure terminal
3. voice-gateway system tag
4. mac-address mac-address
5. type {vg202 | vg204 | vg224}
6. voice-port port-range
7. network-locale locale-code



http://www.cisco.com/c/en/us/td/docs/routers/access/vg202_vg204/software/vg2_vg4_scg/vg2_vg4_voip.html
http://www.cisco.com/c/en/us/td/docs/routers/access/vg202_vg204/software/vg2_vg4_scg/vg2_vg4_voip.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book/fxsbasic.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book/fxsbasic.html


http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book/fxsbasic.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book/fxsbasic.html


http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book/fxsbasic.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book/fxsbasic.html


Caller ID Caller names are defined using the name command in ephone-dn configuration mode. Caller numbers
are defined using the number command in ephone-dn configuration mode.

Speed dial Numbers to be speed-dialed are stored with their associated speed-dial codes using the speed-dial
command in ephone configuration mode.

Speed dial to voice mail The voice-mail number is defined using the





PurposeCommand or Action

Enters global configuration mode.configure terminal

Example:
Router# configure terminal

Step 2

Enters ephone configuration mode.ephone phone-tagStep 3

Example:
Router(config)# ephone 36

phone-tag Unique



http://www.cisco.com/c/en/us/support/collaboration-endpoints/ip-communicator/products-user-guide-list.html
http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp
http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp
http://www.cisco.com/c/en/us/support/collaboration-endpoints/ip-communicator/products-user-guide-list.html
http://www.cisco.com/c/en/us/support/collaboration-endpoints/ip-communicator/products-user-guide-list.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html


Restriction Detection or conversion between Network Transmission Equipment (NTE) and





http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html




SUMMARY STEPS

1. enable
2. configure terminal
3. voice register global
4. auto-register
5. password



PurposeCommand or Action







Before You Begin

Cisco Unified CME 9.0 and later versions.

Correct firmware, �µ









Configure KEMs on SIP Phones
To configure KEMs for Cisco Unified 8961, 9951, or 9971 SIP IP phones, perform the following steps.

Before You Begin

Cisco Unified CME 9.1 or a later version.

SUMMARY STEPS

1. enable
2. configure









http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/feature/phone_feature/phone_feature_support_guide.html






ephone-dn-template 1
!
!
ephone-template 1
keep-conference endcall local-only
codec g729r8 dspfarm-assist

!
!
ephone-template 2
!
!
ephone-dn 1
number 6001
call-forward busy 7800
call-forward noan 7800 7

!

!ephone-dneאnumbernľ

call-forward

cusy
cȾ call-forwardcoancȾ c˞

!

!ephone-dne˞ number

e

ʾ

c



transport input all
transport output all

line vty 0 4
exec-timeout 0 0
privilege level 15
password sgpxw
login

!
scheduler allocate 20000 1000
ntp server 192.168.- я





number 1 dn 8
template 2
preference 1
codec g711alaw

!
voice-port 1/0/0
!
voice-port 1/0/1





!
ephone-dn 10 dual-line
number 4443 secondary 9191114443
pickup-group 5
description vg224-1/3
name tommy

!
ephone 7
mac-address C863.9018.0402
speed-dial 1 4445
speed-dial 2 4445
speed-dial 3 4442
speed-dial 4 4441
speed-dial 5 6666
speed-dial 6 1111
speed-dial 7 1112
speed-dial 8 9191114441
speed-dial 9 9191114442
speed-dial 10 9191114442
type anl
button 1:10

Example for Remote Teleworker Phones
The following example shows the







Cisco IOS Commands for Monitoring and Maintaining Cisco Unified CME
Tomonitor andmaintain CiscoUnified CommunicationsManager Express





http://www.cisco.com/go/cfn












C H A P T E R  8
Create Phone Configurations Using Extension
Assigner

Prerequisites for Extension Assigner, page 347

Restrictions for Extension Assigner, page 348

Information About Extension Assigner, page 348

Configure Extension Assigner, page 354

Configure Extension Assigner Synchronization, page 375

Assign Extension Numbers Onsite by Using Extension Assigner, page 378

Verify Extension Assigner Configuration for SCCP Phones, page 380

Verify Extension Assigner Configuration for SIP Phones, page 380

Configuration Examples for Extension Assigner, page 380

Prerequisites for Extension Assigner
Cisco Unified CME 11.6 or a later version for SIP phones.

Cisco Unified CME 4.0(3) or



http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/products-device-support-tables-list.html






In addition to configuring one ephone-dn for each temporary extension number that is assigned automatically,
you also must configure an ephone-dn entry for each extension number that is assigned by the installation



than the number of phones to which you want to assign extension numbers, then you can plug in ten phones
at a time. If you plug in eleven phones, one phone will not register or get a temporary extension number until
you assign an extension to one of the first ten phones and reset the eleventh phone.

After you have configured your ephone or voice register pool, and ephone-dn or voice register dn entries, you
can complete your router configuration by optionally configuring the router to automatically save your
configuration. If the router configuration is not saved, any extension assignments made by the installation



Procedures for Installation Technicians
This feature is implemented using a Tcl script and audio prompt files

f





http://www.cisco.com/c/en/us/td/docs/ios/voice/ivr/configuration/guide/tcl_c.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/ivr/configuration/guide/tcl_c.html
http://software.cisco.com/download/type.html?mdfid=277641082&catid=null
http://software.cisco.com/download/type.html?mdfid=277641082&catid=null
http://software.cisco.com/download/type.html?mdfid=277641082&catid=null
http://software.cisco.com/download/type.html?mdfid=277641082&catid=null


http://www.cisco.com/c/en/us/td/docs/ios/voice/ivr/configuration/guide/tcl_c.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/ivr/configuration/guide/tcl_c.html


SUMMARY STEPS

1. enable
2. configure terminal
3. application
4. service service-name location
5. param ea-password password
6. paramspace english index number
7. paramspace english language en
8. paramspace english location location
9. paramspace english prefix









DETAILED STEPS



SUMMARY STEPS

1. enable
2. configure terminal
3. ephone-dn dn-tag [dual-line]
4. number number [secondary number] [no-reg [both | primary]]
5. trunk digit-string [timeout seconds]
6. name name
7. exit
8. telephony-service
9. auto assign dn-tag to dn-tag
10. end

DETAILED STEPS





DETAILED STEPS



SUMMARY STEPS

1. enable
2. configure terminal
3. ephone-dn dn-tag [dual-line]
4. number number



PurposeCommand or Action

Must follow the name order that is specified







DETAILED STEPS













Which extension number to dial to access the extension assigner application.

Whether the number is dialed automatically when a phone goes off hook (applicable only to SCCP
phones).

What







Assign Extension Numbers Onsite by Using Extension Assigner
The following tasks are performed by the installation technician at the customer s site:

Assign New Extension Numbers
Initially, when you install a phone, it is assigned a temporary, random extension number. To access Extension
Assigner and assign the appropriate extension number to this phone, perform the following





Step 7 If the extension is assigned to another phone that is in use, either:

Return to Step 5, on page 379 to enter another extension number.

Perform the procedures in the Unassign an Extension Number section and the Assign New Extension Numbers
section.

Verify Extension Assigner Configuration for SCCP Phones

Step 1 Use the debug ephone extension-assigner command to display status messages produced by the extension assigner
application.

Step 2 Use the debug voip application script command thescrs

ap

t

c

che

t= t= cѯ cѿ cѿ ug cѿ one cѿ tus cѿ u¨ cҹ cѵ plc cѶ ug cѵ mand cѿ uf s = K ѽ v

� F � 4 .35H10 Tf 
 1  0  0  1  0o  0  1  000F �R �P �P �D �Q �G �W �  0  1  138 .263  693V �476 .7419 .9CP PhoH 10  Tf 
 1  0  00S �O �D � \

� F �  w 
8  8  35100D �J �H �V

� , � I

�H � [ � 89  6 
 63  8  35100D �JK �0W �H �Q �V � L �R �Q



The installation technician can use extension assigner to assign extension numbers 6001 to 6005.



!
no ip domain lookup
!
application
service EA flash:ea/app-cme-ea-2.0.0.0.tcl
paramspace english index 0
paramspace english language en
param ea-password 1234
paramspace english location flash:ea/
paramspace english prefix en

!



ephone-dn 105
number 0105
label Temp-Line-not assigned yet

!
ephone 1
provision-tag 101
mac-address 02EA.EAEA.0001
button 1:1

!
ephone 2
provision-tag 102
mac-address 02EA.EAEA.0002
button 1:2

!
ephone 3
provision-tag 103
mac-address 02EA.EAEA.0003
button 1:3

!
ephone 4
provision-tag 104
mac-address 02EA.EAEA.0004
button 1:4

!
ephone 5
provision-tag 105
mac-address 02EA.EAEA.0005
button 1:5

!
kron occurrence backup in 30 recurring
policy-list writeconfig

!

kron policy-list writeconfig

cli



http://www.cisco.com/go/cfn






C H A P T E R  9
Configuration Files for Phones

Information About Configuration Files, page 387

G s y nfiguration



















   Cisco Unified Communications Manager Express System Administrator Guide
396

Configuration Files for Phones
Where To Go Next



















http://www.cisco.com/go/cfn


   Cisco Unified Communications Manager Express System Administrator Guide
406







http://www.loc.gov/standards/iso639-2/




For configuration information, see Use the Locale Installer in Cisco Unified CME 7.0(1) and Later Versions,
on page 419.

Locale Installer for Cisco Unified SIP IP Phones
Cisco Unified CME 9.0 and later versions support the following enhancements for installing locales for Cisco
Unified SIP IP phones:

Locale installer that supports a single procedure for all Cisco Unified SIP IP phones.

New load keyword that requires you to use thR tK ew oad ΄ t U equor ou o t U guratio v t U

s ҇

=



Restriction Localization is not supported for SIP phones.

Phone firmware,

http://www.cisco.com/cgi-bin/tablebuild.pl/CME-Locale






http://www.cisco.com/cgi-bin/tablebuild.pl/CME-Locale


You must have an account on Cisco.com to access the Software Download Center. If you do not





Remove the two-letter language code from the JAR filename and use one of five supported directory names with the
following convention:

user_define_number, where number is 1 to 5

For example, the alias for Chinese on the Cisco Unified IP Phone 7970 is:
Router(config)# tftp-server flash:/zh-td-sccp.jar alias user_define_1/td-sccp.jar

On Cisco 3800 series routers, you must include /its in the directory name (flash:/its or





Restriction When using an external TFTP server, you must manually create

http://www.cisco.com/cgi-bin/tablebuild.pl/CME-Locale


Example:
For example, CME-locale-de_DE-7.0.1.0 is German for Germany for Cisco Unified CME 7.0(1).

Step 4

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/requirements/guide/cmelocal.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/requirements/guide/cmelocal.html




Restriction Multiple user and network locales are not supported on the Cisco Unified IP Phone 7902G, 7910,
7910G, or 7920, or the Cisco Unified IP Conference Stations 7935 and









http://www.cisco.com/cgi-bin/tablebuild.pl/CME-Locale








Use the Locale Installer in Cisco Unified CME 9.0 and Later Versions

Restriction When using an external TFTP server, you must

http://www.cisco.com/cgi-bin/tablebuild.pl/CME-Locale












Verify Multiple Locales on SIP Phones

Step 1 Use the show voice register tftp-bind command to display a list of configuration files that are accessible to IP phones
using TFTP, including the dictionary, language, and tone configuration files.

Example:
Router#sh voice register tftp-bind

tftp-server syncinfo.xml url system:/cme/sipphone/syncinfo.xml
tftp-server SIPDefault.cnf url system:/cme/sipphone/SIPDefault.cnf
tftp-server softkeyDefault_kpml.xml url system:/cme/sipphone/softkeyDefault_kpml
.xml





user-locale 1 U1 ZH
network-locale 1 U1 CN

ephone-template 2
user-locale 1
network-locale 1

ephone 11
button 1:25
ephone-template 2

ephone 12
button 1:26

Example for Configuring Chinese as the User-Defined Locale
The following is a sample output



LOCALE INSTALLER MESSAGE: Filename: ipc-sccp.jar
LOCALE INSTALLER MESSAGE: Filename: mk-sccp.jar
LOCALE INSTALLER MESSAGE: Filename: tc-sccp.jar
LOCALE INSTALLER MESSAGE: Filename: td-sccp.jar
LOCALE INSTALLER MESSAGE: New Locale configured

CNF-FILES: Clock is not set or synchronized, retaining t n Ὕ si ps iles pd ing com ete

�F�K�HG �I(�W000L�0O�R�ZQ�L�Q�J)Tj
1 0 0 1188.996534.1354 Tm
(�H�[W�D�PF�S�O�H)Tj
1 0 0 1 225326534.1354 Tm
(�L�V)Tj
1 0 0 1 34.486534.1354 Tm
(�WF�K�HG)Tj
1 0 0 12439.86534.1354 Tm
(�W00WF�Kocal00S�O�X0W)Tj
1 0 0 1 264 6 422.1354 Tm
(�I(�W0000R�Q�P
1 0 0 1 264 19415.1354 Tm
(�WF�K�HG)Tj
1 0/F4 Tf
1 0 0 1 129313.85.1354 Tm
(�WF�X0V�H�W)TU0��)O0R�F�D�O�H)Tj
1 0 08 Tf
1 0 0 1 129362.34.1354 Tm
(�H�R�PF�S�P0D�O�QQ77329.6 684.064 T04.24.1354 Tm
(�H�Z0K�HG)Tj0O�Q9.6 684.064 T2 654.1354 Tm
(�H�0Q�F�K9.6 684.064 T6 694.1354 Tm
(�H�R�PF�I�L�J�X�U�H�9.6 684.064 T86.74.1354 Tm
(�I(�D9.6 684.064 T6 654.1354 Tm
(�F�\�Q�V0W�H)Tj0S�P0D��)G0H)Tj0S�I0L�Q�J)T00G)Tj
1 0 0 1 129.6 650522.05m
(�F�O0R�F�D�O�H)Tj
1 0 0 1 307134 930522.05m
(�F�I0R�U)Tj
1 0 0 1 2781700 90522.05m
(�F�&0L�V)Tj0H�R�
1 0 0 1 2781965340522.05m
(�F�80Q�L�Q�I0L�Q�G)Tj
1 0 0 1 12922 6360522.05m
(�F�&0L�()Tj
1 0 0 1 1632544 10522.05m
(�F�O�QQ77329.6 684.064 269654.122.05m
(�F�K�HG)Tj
1 0 0 12439.064140522.05m
(�F�O0R�F�D�O�H)Tj
1 0 0 1 307310.470522.05m
(�F�V)Tj
1 0 0 1 34.319534.122.05m
(�F�R0O�Q9.6 684.064 3324 T.122.05m
(�F�K�HG)Tj
1 0 0 12439346.8T.122.05m
(�F�G0H)Tj0S�I0L�D0X�U�O0W)Tj
1 0 0 1 26436 4050522.05m
(�F�O0R�F�D�O�H)Tj
1 0 0 1 307403.34.122.05m
(�F�V)TQ0F�G0H)Tj0S�[9.6 684.064 T2 6 90522.05m
(�F�)T3WF�X0V�H�W)TU0��)O0R�F�D�O�H)Tj0��)�D�PF�J9.6 684.064 T6 6260522.05m
(�F�)230F�)T40��9.6 684.064 506.590522.05m
(�F8K�HG)Tj
1 0/F5 Tf
1 0 0 1 129.6534.110.04m
(�WF�X0V�H�W)TU0��)O0R�F�D�O�H�WF�U�WF�PF�W0K�HG�WF�K�HG�WF�V0S�F�H0F�D�Q�I0L�Q�G580510.04m
(�WF�O0R�O�QQ77300X�U�DQ77300X�j
1 0 0 124395516140510.04m
(�WF�LVG)Tj
1 0 0 1 129.6 46141 604m
(�WF�K�HG)Tj
1 0 0 12439650.3141 604m
(�WF�G0H)Tj0S�I0L�D0X�U�O0W)Tj
1 0 0 1 264174.53141 604m
(�WF�D0S�F�F�H)T00Q�G�WF�K�R
1 0 0 1 211.26.7141 604m
(�WF�D0S�O�
1 0 0 1 129229417141 604m
(�WF0F�&0L�&0L�
1 0 0 1 163256.11141 604m
(�WF�S0K�HG)TR0Q�J)T00G)TV0��9.6 68 g
129ET9.6 706318. 3 129.6 706489653 161.6 639489653 161.6 639318. 3 1
f
0 Tw
 g
BT
/F6 8 Tf
1 0 0 1 129.6 70148 63260(�WF�W00WF�Kocal00S�W)TU0�T3WF�R�PF�I�L�J�X��)�D�H0O�H





Router(config-telephony)# create cnf-files
Router(config-telephony)# ephone 1
Router(config-ephone)# reset

Examples for Configuring Multiple User and Network Locales on SIP Phones
The following example sets the default locale of 0 to Germany, which defines Germany as the default user
and network locale. Germany is used for all

ᴴ

eone

er



http://www.cisco.com/go/cfn




C H A P T E R  12
Dial Plans

This chapter describes features that enable Cisco Unified Communications Manager Express
(Cisco Unified CME) to expand or manipulate internal extension numbers so that they conform







http://www.cisco.com/c/en/us/support/docs/voice/call-routing-dial-plans/61083-voice-transla-rules.html
http://www.cisco.com/c/en/us/support/docs/voice/call-routing-dial-plans/64020-number-voice-translation-profiles.html




dialplan-pattern 1 +1222333.... extension-length 4

Example 2

In the following example, phones are registered with leading + E.164 number (+122233331111) and the
phones can be reached by dialing either the 4-digit extension number or the + E.164 number.

e

x

a

m

p

l

e



http://www.cisco.com/en/US/docs/voice_ip_comm/cusrst/admin/srst/configuration/guide/srs_call.html#wpmkr1009565




SUMMARY STEPS

1. enable
2. configure terminal
3. voice r



http://www.cisco.com/c/en/us/td/docs/ios/12_2/voice/configuration/guide/fvvfax_c.html
http://www.cisco.com/c/en/us/td/docs/ios/12_2/voice/configuration/guide/fvvfax_c.html








http://www.cisco.com/c/en/us/td/docs/ios/12_2/voice/configuration/guide/fvvfax_c.html




















PurposeCommand or Action

redirect-tar



Configuration Examples for Dial Plan Features

Example for Configuring Secondary Dial Tone on SCCP Phones
telephony-service

fxo hook-flash
load 7910 P00403020214
load 7960-7940





Feature Information for Dial Plan Features
The following table provides release information about the feature or features described in this module. This
table lists only the software release that introduced support for a given feature in a given software

http://www.cisco.com/go/cfn








Each of the preceding call situations is illustrated in Figure 15: Three-Way Conferencing, Call Transfer and
Forward, Cisco Unity Express, and MOH Between G.711 and











4 Verify your solution.

5 Install hardware.

DETAILED STEPS

Step 1 Determine the number of transcoding sessions that your router must support.
Step 2 Determine the number of DSPs that are required to

http://www.cisco.com/c/en/us/td/docs/ios/voice/cminterop/configuration/guide/15_1/vc_15_1_book.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/cminterop/configuration/guide/15_1/vc_15_1_book.html
http://www.cisco.com/c/en/us/td/docs/routers/access/interfaces/nm/hardware/installation/guide/Conntvoi.html


Configure DSP Farms for NM-HDs and NM-HDV2s

SUMMARY STEPS

1. enable
2. configure















Before You Begin

Identify the MAC address of the SCCP client















codec:G711Ulaw64k duration:20 vad:0 peer Stream-ID:0

Stream-ID:8 mtp:1 0.0.0.0 0 Local:0 IDLE
usage:
codec:G711Ulaw64k duration:20 vad:0 peer Stream-ID:0

Step 4 Use the show



Example:
Router# show sccp connections details

bridge-info(bid, cid) - Normal bridge information(Bridge id,



Before You Begin

Cisco Unified CME 4.2 or a later version.

SUMMARY STEPS

1. enable
2. configure terminal
3. crypto pki server label
4. database level complete
5. grant auto
6. database url root-url











Copy the CA Root Certificate of the DSP Farm Router to the Cisco Unified CME Router
The DSP farm router and Cisco Unified CME router exchanges certificates during the registration process.
These certificates are digitally signed by the CA server of the respective router. For the routers













What to Do Next

You can use the command show dspfarm profile profile-number to verify the configured DSP farm
profiles. Use the command to verify if the profile status is UP, and the





You can also configure voice class codec under a voice register pool on Unified CME.

http://www.cisco.com/go/cfn


C H A P T E R  14
Toll Fraud Prevention

Prerequisites for Configuring Toll Fraud Prevention, page 511

Information About Toll Fraud Prevention, page 511

Configure Toll







SUMMARY STEPS

1. enable
2. configure terminal
3. voice service voip
4. ip address trusted authenticate



PurposeCommand or Action

Verifies a list of valid IP addresses for incoming H.323 or SIP
trunk calls, Call Block cause for rejected incoming calls.

show ip address trusted list

Example:
Router# #show ip address







PurposeCommand or Action

Enables direct-inward-dial (DID) for incoming ISDN number.
The incoming ISDN (enbloc dialing)



DETAILED STEPS

PurposeCommand or Action

Enables privileged EXEC mode.enableStep 1





Example:
Feb 11 01:44:06.527: RADIUS: Cisco AVpair [1] 36
internal-error-code=1.1.228.3.31.0

http://www.cisco.com/c/en/us/td/docs/ios/voice/monitor/configuration/guide/12_4/vt_12_4_book/vt_voip_err_cds.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/monitor/configuration/guide/12_4/vt_12_4_book/vt_voip_err_cds.html
http://www.cisco.com/go/cfn




C H A P T E R  15
Graphical User Interface

This chapter describes the Cisco Unified CommunicationsManager Express (Cisco Unified CME) graphical
user interface (GUI) and explains how to set it up accounts for system administrators, customer administrators,
and phone users.

Prerequisites for Enabling the GUI, page 523

] ss ions y rEnablingy e y I,



as the username for any Unified CME GUI account and the user name in a logout or user profile for
Extension Mobility.

ExtensionMobility options in Cisco Unified CMEGUI 4.2.1 and later versions cannot be accessed from
the System Administrator or Customer Administrator login screens.

To access the GUI, you must use Microsoft Internet Explorer 5.5 or a later version. Other browsers are
not supported.

If you use an XML configuration file to create a customer administrator login, the XML file can



http://www.cisco.com/c/en/us/td/docs/ios/12_2/security/configuration/guide/fsecur_c/scfathen.html
http://www.cisco.com/c/en/us/td/docs/ios/12_2/security/configuration/guide/fsecur_c/scfathen.html




SUMMARY STEPS

1. enable
2. configure terminal
3. telephony-service
4. web adminw e

w

e





http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-callmanager/products-programming-reference-guides-list.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-callmanager/products-programming-reference-guides-list.html










http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp
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C H A P T E R  16
Voice Mail Integration

This chapter describes how to integrate your voice-mail systemwith Cisco Unified CommunicationsManager
Express (Cisco Unified CME).

Prerequisites for Voice Mail Integration, page 539

Information About Voice-Mail Integration, page 540

Configure Voice-Mail Integration, page 546

Configuration Examples for Voice-Mail Integration, page 576

Feature Information for Voice-Mail Integration, page 5790 IHAP.80ntegration

http://www.cisco.com/en/US/products/hw/modules/ps2797/prod_installation_guides_list.html
http://www.cisco.com/en/US/products/hw/modules/ps2797/prod_installation_guides_list.html


To determine whether the Cisco IOS software release and Cisco Unified CME software version
are compatible with the Cisco Unity Express version, Cisco router model, and Cisco Unity Express
hardware that you are using, see Cisco Unity Express Compatibility Matrix.

To verify installed Cisco Unity Express software

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/unity_exp/compatibility/cuecomp.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/unity_exp/compatibility/cuecomp.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/unity_exp/compatibility/cuecomp.html
http://www.cisco.com/en/US/docs/voice_ip_comm/unity_exp/roadmap/cuedocs.html
http://www.cisco.com/en/US/docs/voice_ip_comm/unity_exp/roadmap/cuedocs.html
http://www.cisco.com/en/US/docs/voice_ip_comm/unity_exp/roadmap/cuedocs.html
http://www.cisco.com/en/US/docs/voice_ip_comm/unity_exp/roadmap/cuedocs.html
http://www.cisco.com/en/US/docs/voice_ip_comm/connection/1x/integration/guide/me30uc11.html
http://www.cisco.com/en/US/docs/voice_ip_comm/connection/1x/integration/guide/me30uc11.html


http://www.cisco.com/c/en/us/support/unified-communications/unity-express/tsd-products-support-series-home.html


TheMailbox Selection Policy feature allows you to provision the following options from the CiscoUnified CME
configuration.



For configuration information, see Configure a Voice Mailbox Pilot Number on a SCCP Phone or















SUMMARY STEPS

1. enable
2. configure terminal
3. exit
4. ephone-dn dn-tag
5. mailbox-selection [







PurposeCommand or Action

Defines the telephone number that is speed-dialed when

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html


Configure Live Record on SCCP Phones
To configure the Live Record feature so that a phone user can record a conversation by pressing the LiveRcd
softkey, perform the followings steps.

Restriction,us v a ɷ v v usV reU ve ,fol stV

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/unity_exp/administrator/AA_and_VM/guide/vmadmin_book/advVM.html#wp1025665












Enable DTMF Integration
Perform one of the following tasks, depending on which DTMF-relay method is required:

Enable DTMF Integration for Analog Voice-Mail Applications To set up DTMF integration patterns
for connecting to analog voice-mail applications.

Enable DTMF Integration Using RFC 2833 To connect







Before You Begin

Configure the codec or voice-class codec command for transcoding between G.71









What to Do Next

After configuring DTMF relay, you are ready to configure Message Waiting Indicator (MWI). See Configure
a SCCQ Core aa























ephone-dn 24
number 2024

ephone-dn 25
number 2025

ephone 18
button 1:20 2o21,22,23,24,25 3x2 5:26
mwi-line 2

The following example enables MWI on ephone 17 for line 3 (extension 609). In this example, the button
numbers do not match the line numbers
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http://www.cisco.com/c/en/us/td/docs/ios/netmgmt/command/reference/nm_book.html
















Configuration File Maintenance
In a secure environment, several types of configuration files must be digitally signed before they























The following partial output from the show running-config command shows the configuration for a Cisco
IOS







Obtaining a certificate for the TFTP server function

crypto pki trustpoint tftp-server
enrollment url









SUMMARY STEPS

1. enable
2. configure terminal
3. ctl-client
4. sast1 trustpoint label
5. sast2 trustpoint label
6. server {capf | cme| cme-tftp | tftp} ip-address trustpoint trustpoint-label
7. server cme ip-address username name-string password {0 | 1} password-string
8.





List of Trusted Servers in the CTL
CME 10.1.1.1 cmeserver
TFTP 10.1.1.1 cmeserver
CAPF















PurposeCommand or Action

This command can also be configured in telephony-service configuration
mode. The value set in ephone configuration mode has priority over the value
set in telephony-service configuration mode.

(Optional) Sets the security mode forhaª pi i io io pi ogure foU d



PurposeCommand or Action

null-string No authentication.

This command can also be configured in CAPF-server configuration mode
to initiate certificate operations at a global level. This command in ephone
configuration mode has priority over this command in CAPF-server
configuration mode.

You can also use the auth-mode command in CAPF-server configuration
mode to configure authentication at a









SUMMARY STEPS

1. enable
2. configure terminal
3. crypto pki trustpoint label
4. enrollment url ca-url
5. revocation-check method1 [method2 [method3]]
6. serial-number [none]
7. rsakeypair





PurposeCommand or Action





Step 6 Verify that the certificate was installed on the phone. From the Settings menu on the phone



SUMMARY STEPS

1. enable
2. configure terminal
3. crypto pki trustpoint name
4. revocation-check none



http://www.cisco.com/security/pki/certs/CAP-RTP-001.cer
http://www.cisco.com/security/pki/certs/CAP-RTP-001.cer
http://www.cisco.com/security/pki/certs/CAP-RTP-002.cer
http://www.cisco.com/security/pki/certs/CAP-RTP-002.cer
http://www.cisco.com/security/pki/certs/cmca.cer
http://www.cisco.com/security/pki/certs/crca2048.cer
http://www.cisco.com/security/pki/certs/crca2048.cer


What to Do Next

When you have more than one Cisco Unified CME router in your network, you must



http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/requirements/guide/33matrix.html












PurposeCommand or Action

Retrieves the CA certificate and authenticates it. Checks
the





SUMMARY STEPS

1. enable
2. configure terminal
3. ip http server
4. crypto pki server cs-label
5.















Vd54qlpc/hQDfWlbrIFkCcYhHws7vwnPsLuy1Kw2L2cP0UXxYghSsx8H4vGqdPFQ
NnYy7aKJ43SvDFt4zn37n8jrvlRuz0x3mdbcBEdHbA825Yo7a8sk12tshMJ/YdMm







load-cfg-file slot0:Jar41.2-9-0-101dev.sbn alias Jar41.2-9-0-101dev.sbn
load-cfg-file





voice class codec 2
codec preference 1 g711alaw
codec preference 2 g711ulaw

!
voice class codec 3
codec preference 1 g729r8
codec preference 8 g711alaw
codec preference 9 g711ulaw

!
voice class codec 1
codec preference 1 g729r8
codec preference 2 g728
codec preference 3 g723ar63
codec preference 4 g711ulaw

!
!
voice iec syslog
voice statistics type iec
voice statistics time-range since-reset
!
!
!
crypto pki server myra
database level complete
grant auto
lifetime certificate 1800

!
crypto pki trustpoint myra
enrollment url http://10.13.32.11:80
revocation-check none
rsakeypair iosra

!
crypto pki trustpoint mytrustpoint1
enrollment url http://10.13.32.11:80
revocation-check none
rsakeypair mytrustpoint1

!
crypto pki trustpoint sast2
enrollment url http://10.13.32.11:80
revocation-check









gateway
timer receive-rtp 1200

!
!
!
telephony-service
load 7960-7940 P00308000300
max-ephones 4





http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book/fsxsecur.html
http://www.cisco.com/c/en/us/td/docs/ios/voice/fxs/configuration/guide/15_1/fxs_15_1_cg_book/fsxsecur.html
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C H A P T E R  18
Directory Services

Information About Directory Services, page 659

https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_s1ht.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_s1ht.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_d1ht.html






DETAILED STEPS













Define a Name for a Directory Number on SIP Phone
To define name for a directory number on a SIP phone, perform the following steps.





PurposeCommand or Action

Enters voice register global configuration mode to set parametersfig sgŵ Ὑ b ¥ ҆ Q ὰ҆ l ṧ l l l p reὡ ¤ l



local directory service: enabled.

Step 2 show telephony-service
This command displays only the telephony-service configuration information.

Step 3 Use the show telephony-service directory-entry command to display thetheseU e U҆ ҈ the sŃ and `





directory entry 8 5550021 name doctor8
directory entry 9 5550022 name doctor9

ephone-dn 1
number 5500 secondary 555000.

ephone-dn 2
number 5501 secondary 555001.

ephone-dn 3
number 5502 secondary 555002.
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Directory Services







Configure Do Not Disturb

Blocking Do Not Disturb on SCCP Phone
To block DND on phones that have buttons configured for feature ringing, perform the
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C H A P T E R  20
Enhanced 911 Services

Prerequisites for Enhanced 911 Services, page 687

Restrictions for Enhanced 911 Services, page 688

Information About Enhanced 911 Services,





the PSAP can quickly dispatch emergency help, even if the caller is unable to communicate the location. Also,
if the caller disconnects prematurely, the PSAP has the information it needs to contact the 911 caller.

To use Enhanced 911 Services, you must define an emergency response location (ERL)







Figure 25: Processing a 911 Call, on page 692 summarizes the procedure for processing a





Table 44: List of Sites and PSAPs





Your version of Cisco Unified CME may not support all of these features.





We recommend that you do not configure the same dial peer using both the emergency response zone
and emergency response callback commands.

Caution

Dial Plan Patterns
Dial plan patterns















http://www.cisco.com/c/en/us/td/docs/ios/12_2/voice/configuration/guide/fvvfax_c.html






DETAILED STEPS

PurposeCommand or Action

Enables privileged EXEC mode.enableStep 1

Example:
Router> enable

Enter your password if prompted.

Enters global configuration mode.configure terminal

Example:
Router# configure terminal

Step 2

Enters voice register pool mode to te ʇ na ¨ En ¨ voice vo= voister vool vo outer# nfigur ice En n minal nabl h r En n nalvo



SUMMARY STEPS

1. enable
2. configure terminal
3. ephone tag
4. emergency response



associated with IP subnets. For more information about this decision, see Step 7 in Plan Your Implementation
of Enhanced 911 Services, on page 693.

SUMMARY STEPS

1. enable
2. configure terminal
3. dial-peer voice tag type
4. emergency response location tag
5. end

DETAILED STEPS



default ELIN can be already defined in one of the ERLs or can be unique. If a default ELIN is not defined
and there is no match for the 911 caller s IP address, the PSAP sees









Use the show voice emergency addresses command to display address information for each ERL.
Router# show voice emergency addresses

3850 Zanker Rd, San Jose,604,5550101
225 W Tasman Dr, San Jose,604,5550102
275 W Tasman Dr, San Jose,604,5550103
518 Bellew Dr,Milpitas,604,5550104
400 Tasman









!
!
no ip domain lookup
ip host rm-uut3-c2821 10.20.20.3
ip host RescuMe01 10.21.20.218
multilink bundle-name authenticated
!
isdn



linecode b8zs
pri-group timeslots 8,24
!
controller T1 0/1/1
framing esf
linecode b8zs
pri-group timeslots 2,24
!
controller T1 0/2/0
framing esf



!
ip http server
!
!
voice-port 0/0/0
!
voice-port 0/0/1
!
voice-port 0/1/0:23
!
voice-port 0/2/0:1
!
voice-port 0/1/1:23
!
voice-port 0/2/1:23
!
voice-port 0/3/0
!
voice-port 0/3/1
!
!
dial-peer voice 2002 pots
shutdown
destination-pattern 2....
port 0/2/0:1
forward-digits all
!
dial-peer voice 2005 pots
description for-cme2-408-pri U s U 2Q / ʊ ag w ʃ 1 / i -digits

Q ard-digits

a P -peer P e P / P

P ᴎ ddigi :' V :' W y M vɲ down ɲ ʊ ag ɲ w 2/18Ρ Ѹ Ѹ ! /= F ѯ a / P aɮ ʌ on Ŷ ' nEQ / aɳo я ͞ d -r n 2 digiɶ / digit -p18Ρ Ѹ Ѹ ! ! ṻ ѯ Ѹ = / P ptio

destinatio sh rא i 2 digi -port criptM / cr ce18Ρ Ѹ = / n



emergency response callback
incoming called-number 2....
direct-inward-dial
port 0/1/0:23
forward-digits all
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C H A P T E R  21
Extension Mobility

This chapter describes features in Cisco Unified Communications





http://www.cisco.com/c/dam/en/us/td/docs/voice_ip_comm/cucme/gui/user/guide/cmegui_user.pdf
http://www.cisco.com/c/dam/en/us/td/docs/voice_ip_comm/cucme/gui/user/guide/cmegui_user.pdf
http://www.cisco.com/c/en/us/support/collaboration-endpoints/unified-ip-phone-7900-series/products-user-guide-list.html




MIB Support for Extension Mobility in Cisco Unified SCCP IP Phones
In Cisco Unified CME 9.0 and later versions, new MIB objects are added to monitor Cisco Unified SCCP IP
Extension Mobility (EM) phones. These enhancements allow the retrieval of the following information:

user-profile tag for a Cisco Unified SCCPSM

SC҄ he Q ed









http://www.cisco.com/c/en/us/support/unified-communications/unity-express/products-maintenance-guides-list.html




Purpose

Command or Action

Entersvoice logout-profile configuration mode for creating











http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_v1ht.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr/cme_v1ht.html


DETAILED STEPS
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Note For Cisco Unified CME versions before Cisco Unified CME 4.0(3), there are twomanually-controlled
options for setting up facsimiles:

Fax Gateway Protocol

Configure the Cisco

http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/fax/configuration/12-4/vf-12-4-book.html
http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/fax/configuration/12-4/vf-12-4-book.html
http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/fax/configuration/12-4/vf-12-4-book.html








PurposeCommand or Action

Exits the current configuration mode.exit

Example:
Router(config-voi-serv)# exit

Step 6

Verify and Troubleshoot Fax Relay Configuration
To verify the Cisco Fax Relay configuration, use the

http://www.cisco.com/c/en/us/td/docs/ios/voice/command/reference/vr_book.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
http://www.cisco.com/c/en/us/td/docs/ios/fundamentals/command/reference/cf_book.html
http://www.cisco.com/c/en/us/td/docs/ios/fundamentals/command/reference/cf_book.html
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Fax Relay
Feature Information for Fax Relay



C H A P T E R  23
Feature Access Codes

Information About Feature Access Codes, page 757

Configure Feature Access Codes, page 759

Verify Feature Access Codes, page 760



Table 54: Standard Feature Access Codes, on page 758 contains a list of the standard predefined FACs.

Table 54: Standard Feature Access Codes





PurposeCommand or Action



Configuration Examples for Feature Access Codes

Example for Enabling Standard FACs for All Phones
The following example shows how to enable standard FACs for all phones:

http://www.cisco.com/go/cfn




C H A P T E R  24
Forced Authorization Code

Information About Forced Authorization Code, page 763

Configure Forced Authorization Code, page 770

Configuration Example for Forced Authorization Code, page 774

Feature Information for Forced Authorization Code, page 775

Information About Forced Authorization Code

Forced Authorization Code Overview
Cisco Unified CME





http://www.cisco.com/c/en/us/td/docs/ios/security/configuration/guide/12_4/sec_12_4_book/sec_cfg_authentifcn.html




FAC Behavior for Different CallsTypes of Calls

1

















voice lpcor policy AnalogPhone
service fac
accept LocalUser fac
accept AnalogPhone fac
!
application
package

http://www.cisco.com/go/cfn
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C H A P T E R  25
Headset Auto Answer

Information About Headset Auto Answer, page 777



Figure28:WhenisaLinetheSameasaButton?,onpage778







headset auto-answer line 2
headset auto-answer line 3

The following exau o

eeadset

http://www.cisco.com/go/cfn




C H A P T E R  26
Intercom Lines

Information About Intercom Lines, page 783

Configure Intercom Lines, page 786

Configuration Examples for Intercom Lines, page 795

Where to













Restriction Single-line phone models, such as the Cisco Unified IP Phone 7906















Paging

The paging feature sets up a one-way audio path to deliver information to a group of phones at one time. For
more information, see Paging, on page 857.

Feature Information for Intercom Lines
The following table provides

http://www.cisco.com/go/cfn
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physical voice ports. Loopback-dn configurations emulate the effect of a back-to-back physical voice-port
arrangement without the expense of the physical voice-port hardware. Because digital signal processors (DSPs)
are not





http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/dialpeer/configuration/12-4t/vd-12-4t-book/vd-dp-overview.html
http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/dialpeer/configuration/12-4t/vd-12-4t-book/vd-dp-overview.html




An incoming call to 6xxx enters the loos ckp through ephone-dn 15 and exits the loos ck
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Precedence
Precedence indicates the priority level associated with an MLPP call. Phone users can apply a precedence
level when making a call.

You define anMLPP access digit in Cisco Unified CME and assign a maximum precedence level to individual
phones. Phone users request a precedence call by dialing the access code NP, where N specifies the
pre-configured access digit and



Cisco Unified CME provides precedence indications to the source and destination of a precedence call,
respectively





DSN Dialing Format
Cisco Unified CME 8.0 and later releases provide complete support of the DSN dialing format, as







In the example shown in Figure 32: Service Domains with Different Domain Types, the active call is not
preempted because the incoming call is from a different domain type than the active call; a call from the DSN
cannot preempt a call from the DRSN.



Table 67: MLPP Announcements





http://www.cisco.com/c/en/us/td/docs/ios/12_4t/12_4t11/intserv.html#wp1146794
http://www.cisco.com/c/en/us/td/docs/ios/12_4t/12_4t11/intserv.html#wp1146794


SUMMARY STEPS

1. enable
2. configure terminal
3. voice mlpp
4. access-digit digit
5. bnea audio-url





SUMMARY STEPS

1. enable
2. configure terminal
3. ephone-template template-tag
4. mlpp service-domain{drsn | dsn} identifierm ep 4.mlpp4.mlpp

ce ti 4.





Examples

The following example shows a basic configuration for three phones, all using template 1 withMLPP defined.
Figure 34: Preemption Call Example shows an = t = = e l ee = ѿ PreemM ѿ = a ng M a t P o = ee ʆU Q dQ = configurv l

ʆU aʆU P re=
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Multicast MOH is not supported on a phone if the phone is configured with themtp command or the
paging-dn command with the unicast keyword.

For calls from SCCP to SCCP phones, Unicast MoH is not supported. Multicast MoH is supported if it
is enabled. If Multicast MoH is not enabled,













PurposeCommand or Action

G.729 MOH file can be configured along with the G.711 MOH file.
Unified CME would pick the MOHo y reds redthe c

d

M

c

e

�E�H�N0O�H��













The following example enables MOH from a live feed and if the live feed is not found or fails



DETAILED STEPS





extension-range 2000 to 2999
extension-range 3000 to 3999
extension-range A1000Ao e1199e



DETAILED STEPS

PurposeCommand or Action

Enables privileged EXEC mode.enableStep 1

Example:
Router> enable

Enter yourEnterf



Examples

In the following example dif







PurposeCommand or Action�5�H�W�X�U�Q�V

�W�R �S�U�L�Y�L�O�H�J�H�G �(�;�(�& �P�R�G�H���H�Q�GExample:
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C H A P T E R  30
Paging

Restrictions for Paging, page 857

Information















PurposeCommand or Action

Exits ephone configuration mode.exit

Example:

















number 2000
paging ip 239.0.1.20 port 20480

ephone-dn 21
number 2001
paging ip 239.1.1.21 port 20480

ephone-dn 22
number 2002
paging ip 239.1.1.22 port 20480
paging group 20,21

ephone-dn 6
number 1103

ephone-dn 7
number 1104

ephone-dn 8
number 1105

ephone-dn 9
number 1199

ephone-dn 10
number 1198

ephone 1
mac-address 1234.8903.2941
button

ip
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Table 72: Feature Comparison of Directory Number BLF Monitoring



http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html


Restriction A presentity can be identified by a directory number only.









SUMMARY STEPS

1. enable
2. configure terminal
3. ephone phone-tag
4. button button-number {separator} dn-tag [,dn-tag...] [button-number{x}overlay-button-number]

[button-number

















Use this command to verify your configuration.

Router# show running-config
!
voice register global
mode cme
source-address 10.1.1.2 port 5060
load 7971 SIP70.8-0-1-11S
load 7970 SIP70.8-0-1-11S
load 7961GE SIP41.8-0-1-0DEV
load 7961 SIP41.8-0-1-0DEV
authenticate presence
authenticate credential 1 tftp://172.18.207.15/labtest/cred1.csv
create profile sync 0004550081249644

.

.

.
presence
server 10.1.1.4
sccp blf-speed-dial retry-interval 70 limit 20
presence call-list
max-subscription 128
watcher all
allow subscribe

!
sip-ua
presence enable

Step 2 show presence



======================== ======================== ====== ======= ====== ======
6002@10.4.171.60 6005@10.4.171.34 1 3600 0 idle
6005@10.4.171.81 6002@10.4.171.34 6 3600 0 idle
6005@10.4.171.81 6003@10.4.171.34 8 3600 0 idle
6005@10.4.171.81 6002@10.4.171.34 9 3600 0 idle
6005@10.4.171.81 6003@10.4.171.34 10 3600 0 idle
6005@10.4.171.81 6001@10.4.171.34 12 3600 0 idle
6001@10.4.171.61 6003@10.4.171.34 15 3600 0 idle
6001@10.4.171.61 6002@10.4.171.34 17 3600 0 idle
6003@10.4.171.59 6003@10.4.171.34 19 3600 0 idle
6003@10.4.171.59 6002@10.4.171.34 21 3600 0 idle
6003@10.4.171.59 5001@10.4.171.34 23 3600 24 idle
6002@10.4.171.60 6003@10.4.171.34 121 3600 0 idle
6002@10.4.171.60 5002@10.4.171.34 128 3600 129 idle
6005@10.4.171.81 1001@10.4.171.34 130 3600 131 busy
6005@10.4.171.81 7005@10.4.171.34 132 3600 133 idle



!
no network-clock-participate slot 1
no network-clock-participate slot 2
ip cef
!
!
no ip domain
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Customized Ringtones
Cisco Unified IP Phones have two default ring types: Chirp1 and Chirp2. Cisco Unified CME also supports
customized ringtones using pulse code modulation (PCM) files.

An XML file called RingList.xml specifies the ringtone options available for the default ring on an IP phone
registered to Cisco Unified CME. AnXML file called DistinctiveRingList.xml specifies the ringtones available
on each individual line appearance on an IP phone





8 bits per sample

mLaw compression

Maximum ring size 16080 samples

Minimum ring size 240 samples

Number of samples in the ring must be evenly divisible by

http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp
http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp








no forward local-calls
call-forward busy 2244
call-forward noan 2244 timeout 45

Feature Information for Ringtones
The following table provides release information about the feature or features described in this module. This
table lists only the software release that introduced support for a given feature in a given software release
train. Unless noted otherwise, subsequent releases of that software release train also support that feature.

Use Cisco Feature Navigator to find information about platform support and Cisco software image support.
To access Cisco Feature Navigator, go to www.cisco.com/go/cfn. An account on Cisco.com is not required.

Table 74: Feature Information for Ringtones

http://www.cisco.com/go/cfn




Enable or disable Single Number Reach While the IP phone is in the idle state, the







Configure Single Number Reach

Configure Single Number Reach on SCCP Phones

Restriction Each IP phone supports only one SNR directory number.

SNR feature is not supported for the following:

SCCP-controlled analog FXS
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Table 75: Feature Information for Single Number Reach











Default State on CMEDescriptionFeature NameFeature ID

Enabled



You can also program line keys to function as feature buttons using the user-profile in phones that

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html




Table 78: PLK Feature Availability on the Cisco Unified 6945, 8941, and 8945 SCCP IP Phones in Cisco Unified CME 8.8







Table 80: PLK Feature Availability on the Cisco Unified 7800, 8800 Series SIP IP Phones











DETAILED STEPS









PurposeCommand or Action

Example:
Router(config-register-pool)# template 9

template-tag Template tag that was created templO tag �W�D�8.91f
150.93.0§�W�D�9.17f
150.93.0§



dialplan 3
!

Step 2 show telephony-service ephone-template or show voice register template



DETAILED STEPS



Configure Feature Blocking
To configure feature blocking for SCCP phones, perform the following steps.

Before You Begin

Cisco



PurposeCommand or Action

�µ �3�D�U�N�§ �&�D�O�O �S�D�U�N��

�µ �3�L�F�N�8�S �§ �’�L�U�H�F�W�H�G�R�U�O�R�F�D�O�F�D�O�O�S�L�F�N�X�S���7�K�L�V�L�Q�F�O�X�G�H�V�S�L�F�N�X�S
�O�D�V�W���S�D�U�N�H�G�F�D�O�O�D�Q�G�S�L�F�N�X�S�I�U�R�P �D�Q�R�W�K�H�U�H�[�W�H�Q�V�L�R�Q�R�U�S�D�U�N�V�O�R�W��

�µ �7 �U�Q�V�I�H�U�§ �&�D�O�O �W�U�D�Q�V�I�H�U��

























Example for Park and Transfer Blocking
The following example blocks the use of Park and Transfer softkeys on extension 2333:



Example for Configuring URL Buttons on a SIP Phone Line Key
The following example shows URL buttons configured in voice register template 1:
Router# show run!voice register template 1
url-button 1 http://9.10.10.254:80/localdirectory/query
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Bulk speed-dial lists contain entries of speed-dial codes and the associated phone numbers to dial. Each entry
in a speed-dial list must appear on a separate line. The fields in each entry are separated by commas





http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cuipph/all_models/xsi/6_0/english/programming/guide/XSIbook.html




http://www.cisco.com/c/en/us/support/collaboration-endpoints/unified-ip-phone-7900-series/products-user-guide-list.html












Enable Phone User Interface for Configuring Speed-Dial and Fast-Dial
To enable a phone user to configure speed-dial and fast-dial numbers from a menu



PurposeCommand or Action

Exits to privileged EXEC mode.end

Example:
Router(config-ephone)# end

Step 5

What to Do Next

For information on how

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/ip_phones/roadmap/cucme_phone_roadmap.html




Configuration Examples for Speed Dial

Example for Enabling a Local Speed Dial Menu
The following commands enable the Cisco web browser and set the HTTP path to flash memory so that the
speeddial.xml file in flash memory is accessible to IP phones:
ip http server





http://www.cisco.com/go/cfn






http://www.cisco.com/c/en/us/support/video/unified-video-advantage/products-user-guide-list.html


Restrictions for Video Support
This feature supports only the following video codecs:

H.261 Cisco Unified



When a video-capable endpoint connects to an audio-only endpoint, the call falls back to audio-only



H.264 video support H.264 provides high-quality images at low bit rates and is widely



Call Fallback to Audio-Only
When a video-capable endpoint connects to an audio-only endpoint, the call falls back to an





For more information, see Apply Video and Camera Configuration to Cisco Unified SIP Phones, on













PurposeCommand or Action

Returns to privileged EXEC mode.end

Example:
Router(config-register-pool)# end

Step 8

Examples

The following example shows the apply-config command configured in voice register pool 5:

Router# configure terminal
Router(config)#voice register pool 5
Router(config-register-pool)#apply-config

Configure Video Bandwidth Control for SIP to SIP Video Calls
T
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Video Support
Feature Information for Video Support





VPN head ends (ASA andDTLS), on page 1010. Support for VPN feature onASA headendwas added in Cisco
Unified CME 8.5. For more information, see SSL VPN Client for SCCP



without the username prefill. (With the username prefilled, the phone does not ask for a username
and a username is picked up depending on the configuration under the relevant trustpoint.)

We recommend using LSC for certificate authentication. Use of MIC for certificate authentication is not
recommended. We also recommend configuring ephone in authenticated (not encrypted) security mode
when doing

https://www.cisco.com/en/US/docs/ios/sec_secure_connectivity/configuration/guide/sec_ssl_vpn_ps6350_TSD_Products_Configuration_Guide_Chapter.html#wp1465191
https://www.cisco.com/en/US/docs/ios/sec_secure_connectivity/configuration/guide/sec_ssl_vpn_ps6350_TSD_Products_Configuration_Guide_Chapter.html#wp1465191
https://www.cisco.com/en/US/docs/ios/sec_secure_connectivity/configuration/guide/sec_ssl_vpn_ps6350_TSD_Products_Configuration_Guide_Chapter.html#wp1465191
















Router(cs-server)# grant auto
Router(cs-server)# lifetime certificate 7305
Router(cs-server)# lifetime ca-certificate



Subject:
Name: CME1.cisco.com
hostname=CME1.cisco.com
Validity Date:
start date: 15:32:23 PST Apr 1 2010







http://www.cisco.com/en/US/docs/security/asa/asa82/configuration/guide/svc.html
http://www.cisco.com/en/US/docs/security/asa/asa82/configuration/guide/svc.html
http://www.cisco.com/en/US/docs/security/asa/asa82/configuration/guide/vpngrp.html
http://www.cisco.com/en/US/docs/security/asa/asa82/configuration/guide/vpngrp.html
http://www.cisco.com/en/US/docs/security/asa/asa82/configuration/guide/route_static.html
http://www.cisco.com/en/US/docs/security/asa/asa82/configuration/guide/route_static.html


http://www.cisco.com/en/US/docs/security/asa/asa82/configuration/guide/access_aaa.html#wpmkr108
http://www.cisco.com/en/US/docs/security/asa/asa82/configuration/guide/access_aaa.html#wpmkr108






SUMMARY STEPS

1. enable
2. configur















http://www.cisco.com/en/US/docs/security/asa/asa71/configuration/guide/aaa.html#wp1062044
https://1.5.37.13/SSLVPNphone


https://1.5.37.13/SSLVPN
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-express/tsd-products-support-series-home.html
http://www.cisco.com/cisco/web/psa/default.html




http://www.cisco.com/en/US/docs/ios/security/command/reference/sec_c5.html#wp1044112
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Automatic line selection Picking up the handset answers the first ringing line or, if
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Automatic Line Selection
Feature Information for Automatic Line Selection















For Barge and cBarge to work, privacy needs to be disabled under voice register global using the
command no privacy. For configuring Privacy, See Enable Privacy and Privacy on Hold on SIP Phones,
on page 1057.

SUMMARY STEPS

1. enable
2. configure terminal
3. voice register





Restriction Privacy and Privacy on Hold are supported for calls on shared octo-line directory numbers only.

Privacy and Privacy on Hold are not supported on the Cisco Unified IP Phone 7935, 7936,
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C H A P T E R  40
Call Blocking

Information About Call Blocking, page 1061

Configure Call Blocking, page 1064

Configuration Examples for Call Blocking, page 1076

Where to





http://www.cisco.com/c/en/us/td/docs/ios/termserv/configuration/guide/15-mt/tsv-15-MT-book/tsv_reg_express.html#wp1054931
http://www.cisco.com/c/en/us/td/docs/ios/termserv/configuration/guide/15-mt/tsv-15-MT-book/tsv_reg_express.html#wp1054931


Configure Call Blocking

Configure Call Blocking
To









Before You Begin

Cisco Unified CME 4.2(1) or a later version.

SUMMARY STEPS

1. enable
2. configure terminal
3. telephony-service
4. after-hours override-code pattern
5. end

DETAILED STEPS







PurposeCommand or Action

Enters voice register dn mode to define a directory number
for a SIP phone, intercom line, voice port, or an MWI.

or
Router(config)# voice



http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/dialpeer/configuration/12-4t/vd-12-4t-book/vd-dp-feat-cfg.html#GUID-1394CFF6-4B81-47AC-8C6A-AEDDC6EAC04E


http://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/dialpeer/configuration/12-4t/vd-12-4t-book/vd-dp-feat-cfg.html#GUID-1394CFF6-4B81-47AC-8C6A-AEDDC6EAC04E


The COR list configuration under voice register template configuration mode is supported only for
Unified CME 12.1 and later releases.

SUMMARY STEPS

1. enable
2. configure terminal
3. Enter one of the m 2.H�V��







after-hours day mon 19:00 07:00
after-hours day tue 19:00 07:00
after-hours day wed 19:00 07:00
after-hours day thu 19:00 07:00
after-hours day fri 19:00 07:00
after-hours day sat 13:00 12:00
after-hours day sun 12:00 07:00

!
ephone 23
mac 00e0.8646.9242
button 1:33
after-hour exempt

!
ephone
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Call Blocking
Feature Information for Call Blocking
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Call Park

Information About Call Park, page 1081















Call-Park Redirect
By default, H.323





SUMMARY STEPS

1. enable
2. configure terminal
3. telephony-servic









!
!
ephone 3
park



!
!
ephone-dn 31 dual-line
number 452 secondary 502
preference 10
huntstop channel

!

Step 2 Use the show telephony-service ephone-dn command to display call park configuration information.

Example:

Router# show telephony-service ephone-dn

ephone-dn 26
number 8136 secondary 136
park-slot reserved-for 136 timeout 10 limit 1 recall

Configure Timeout Duration for Recalled Calls



PurposeCommand or Action

Enters global configuration mode.configure terminal

Example:
Router# configure terminal

Step 2

Enters a timeout period

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html


Configuration Examples for Call Park

Example for Configuring Basic Call Park
The following example creates a call-park slot with the number 1560. After a call





Feature Information for Call Park
The following table provides release information about the feature or features described in this

http://www.cisco.com/go/cfn










incoming call is not associated with a LPCOR policy or the LPCOR policy is not defined for the target
destination.

TRAI regulations allow the same directory number on a local IP phone or SCCP analog Foreign













Phone Display and Warning Tone for LPCOR
Cisco Unified CME plays the reorder tone to callers when it blocks calls due to





DETAILED STEPS





voicemail Accepts both IP trunk and PSTN calls.

voice lpcor enable
voice lpcor custom
group 1 siptrunk
group 2 h323trunk
group 3 pstn
group 4 voicemail

!
voice lpcor policy siptrunk
accept h323trunk
accept voicemail

!
voice lpcor policy h323trunk
accept siptrunk
accept voicemail

!
voice lpcor policy pstn
!
voice lpcor policy voicemail
accept siptrunk
accept h323trunk
accept pstn

The following example shows a LPCOR policy that is configured to reject calls associated with itself. Devices
that belong to the local_phone resource group cannot accept calls from each other.

voice lpcor policy local_phone
no accept local_phone
accept



Before You Begin

The LPCOR policy must be defined. See Define a LPCOR Policy, on page 1111.

SUMMARY STEPS

1. enable
2. configure terminal
3. trunk group name
4. lpcor incoming lpcor-group
5. lpcor outgoing lpcor-group
6. exit
7. voice-port port
8. lpcor incoming lpcor-group
9. lpcor outgoing



















Figure 42: SCCP FXS







...
voice register pool 6
lpcor type mobile
id mac 0030.94C2.9A66
type 7960
number 1 dn



with the local IP phone with IP address 10.0.10.23. LPCOR local_group2 is associated with the other local
IP phones through the DHCP-pool match.

ip dhcp pool pool1
network 10.0.0.0 255.255.0.0
option







# analog phone6
voice-port 1/0/1
lpcor incoming local_group
lpcor outgoing local_group

!
# TDM trunks
voice-port 2/1:23
lpcor incoming pstn_group
lpcor outgoing pstn_group

!
!
# Specific LPCOR setting for incoming calls from voice_mail_group
voice lpcor ip-trunk subnet incoming
voice_mail_group 172.19.28.11 255.255.255.255

!
!
# Default LPCOR setting for any incoming VoI nK p voR v p
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session target sip-server
lpcor outgoing remote

Example for Configuring LPCOR on Cisco 3800 Series Integrated Services
Router

Router# show running-config

Building configuration...

Current configuration : 10543 bytes
!
version 12.4
service timestamps debug datetime msec
service timestamps log datetime msec
no service password-encryption
!
hostname Router
!
boot-start-marker
boot-end-marker
!
card type t1 2 1
logging message-counter syslog
logging buffered 2000000
no logging console





voice lpcor custom
group 1 voip_siptrunk
group 2 voip_h323trunk
group 3 pstn_trunk
group 4









!
!
ephone 4
lpcor type local
lpcor incoming analog_vg224
lpcor outgoing analog_vg224
mac-address F9E5.8B28.2401
ephone-template 1
max-calls-per-button 2
type anl
button 1:4

!
!
!
ephone 5
lpcor type local







accept local_sccp
accept local_sip

!
voice lpcor policy local_sccp
accept local_sip
accept remote_sccp
accept









http://www.cisco.com/go/cfn






3 Call forward busy and call forward no-answer

H.450.3 capabilities are enabled globally on the router by default, and can be disabled either globally or for
individual dial peers. You can configure incoming patterns for using the H.450.3 standard. Calling-party
numbers that do not match the patterns defined with this





For configuration information, see Configure SIP-to-SIP Phone Call Forwarding, on page 1213.

Call Forward All Synchronization for SIP Phones





Cisco Unified CMECommands

ephone

ephone-template

voice register pool

voice register template

conference max-length

ephone

ephone-template

voice register pool

voice register template

conference-pattern blocked

The call transfer and conference restrictions apply when transfers or conferences are initiated toward
external parties, like transfeM

Tte

















the CFNA timeout, the call is forwarded to the CFNA target number as the CFNA timeout expires before the
transfer-recall timeout.

When Call Forward All is configured in Cisco Unified CME, the call is













https://software.cisco.com/download/type.html?mdfid=277641082&flowid=77925
https://software.cisco.com/download/type.html?mdfid=277641082&flowid=77925
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4 The H.450 tandem gateway terminates the call leg from extension 1001 and reoriginates a call leg



Use dial peers to set up an H.450 tandem gateway. See Dial Peers, on page 1173.









Cisco CME 3.1 or Later, Cisco Unified Communications Manager, and Cisco IOS Gateways

In a network with Cisco CME 3.1 or later, Cisco Unified CommunicationsManager, and Cisco IOS gateways,
Cisco CME 3.1 and laterC= K d ins





SUMMARY STEPS

1. enable
2. configure terminal
3. telephony-service
4. transfer-system{blind |













PurposeCommand or Action

(Optional) Enters voice-service configuration mode.voice service voip

Example:
Router(config)# voice service voip

Step 6

Prevents the router from forwarding a REFER





























http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/integration/unity_exp/configuration/guide/cue_cme1.html






PurposeCommand or Action

If this command is disabled globally and either enabled or
disabled on a dial peerallT



DETAILED STEPS











Figure 54: Network with Cisco Unified CME and Cisco Unified Communications Manager, on page 1208









What to Do Next

Set up Cisco Unified Communications Manager using the configuration procedure in the Enable
Cisco Unified

http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-callmanager/products-documentation-roadmaps-list.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-callmanager/products-documentation-roadmaps-list.html
http://www.cisco.com/c/en/us/support/unified-communications/unified-communications-manager-callmanager/products-documentation-roadmaps-list.html


2 8 7 17010 16590 172.27.82.2 209.165.202.129

Found 2 active RTP connections

Step 4 Use the show call prompt-mem-usage detail command to see information on ringback tone generation that uses the



Restriction SIP-to-SIP call forwarding is invoked only if that phone is dialed





PurposeCommand or Action

timeout seconds Duration that a call can3.02Tm
(3.01 445.f
1 75 61J010F63.02 Tm009.9 Tf
1 0 0h153.02 Tm
(3.02 Tm
(23.864 661J015)64 663.0�W)L9.5T6 8 40987.02 � J82.11663.0O)75 663.0EQ





DETAILED STEPS





PurposeCommand or Action

Exits to privileged EXEC mode.end

Example:



PurposeCommand or Action

Changes the default number of 3XX responses a SIP phone
that originates











Example for Configuring Call Transfer Recall for SCCP Phones
The following example shows that transfer recall is enabled globally. After 60 seconds an unanswered call is
forwarded back to the phone that initiated the transfer (transferor).





Example for Configuring Cisco Unified CME and
Cisco Unified Communications Manager in Same Network

The following example shows a running configurationa



dial-peer cor custom
!
dial-peer voice 1001 voip



Example for Configuring H.450 Tandem Gateway Working with
Cisco Unified CME and Cisco Unified Communications Manager

The following example shows a sample configuration for a Cisco CME 3.1 or later system that is linked to
an H.450 tandem gateway that serves as a proxy for Cisco Unified



allow-connections h323 to h323
supplementary-service h450.12
h323

!
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C H A P T E R  44
Call Coverage Features



Table 102: Call Coverage Feature Summary



http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/bacd/configuration/guide/cme40tcl.html
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Peer Hunt Groups
In a peer hunt group, extensions ring in a round-robin order. The first extension to ring is the number in the
list to the right of the last extension to ring when the pilot number was last called. Ringing proceeds in a
circular manner, left to right, for the number of hops specified when the hunt group was defined.

Figure 58: Peer hunt Group, on page 1251 illustrates a peer hunt group.

Figure 58: Peer hunt Group



The default behavior is that an on-hook time stamp value for an extension is updated only when the





The following operations can be performed on the phone user interface:

User can join or unjoin to or from voice hunt groups by selecting the Join or Unjoin softkey which is
displayed on the





SUMMARY STEPS

1. enable
2. configure terminal
3. ephone template template-tag
4. url-button index type| url [name]
5. exit
6. ephone phone-tag
7. ephone-template template-tag
8. end

DETAILED STEPS

















Automatic Agent Status
Not-Ready

Agent Status ControlDynamic MembershipComparison Factor

The system











Members Logout for Voice Hunt Group
All members configured in a voice hunt group are initialized with HLogin by default. The non-shared static
members or agents in a voice hunt group can be configured with the Hlogout initial state using members
logout functionality. You can use the CLI commandmembers logout configured under voice hunt group
configurationmode to enable the feature. FromCisco Unified CMERelease 11.6, members logout is supported
in voice hunt groups.

If any member of a hunt group in a SIP phone logs out using the CLI



When the auto logout command is enabled under voice hunt group, the auto logout behavior applies to all
hunt group members (including static and dynamic members).

A related command, hunt-group logout, specifies







Figure













DETAILED STEPS
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Purpose
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The PickUp and GPickUp soft keys display by default on supported

a

n

d
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Configure Cancel Call Waiting on SCCP Phone
To enable a phone user to cancel call waiting by using the CWOff soft key





The following example shows a configuration where the order of the CWOff soft key is modified for the
seized call state in ephone template 5 and assigned to ephone 12. A custom FAC for cancel call











PurposeCommand or Action

(Optional) Sets the number of seconds after which an unanswered











list of numbers:
451, aux-number A450A0900, # peers 5, logout 0, down 1
peer-tag dn-tag rna login/logout up/down
[20122 42 0 login up ]
[20121 41 0 login up ]
[20120 40 0 login up ]
[20119 30 0 login up ]
[20118 29 0 login down]
452, aux-number A450A0901, # peers 4, logout 0, down 0
peer-tag dn-tag rna login/logout up/down
[20127 45 0 login up ]
[20126 44 0 login up ]
[20125 43 0 login up ]
[20124 31 0 login up ]
453, aux-number A450A0902, # peers 4, logout 0, down 0
peer-tag dn-tag rna login/logout up/down
[20131 48 0 login up ]
[20130 47 0 login up ]
[20129 46 0 login up ]
[20128 32 0 login up ]
477, aux-number A450A0903, # peers 1, logout 0, down 0
peer-tag dn-tag rna login/logout up/down
[20132 499 0 login up ]
preference: 0
preference (sec): 7
timeout: 3, 3, 3, 3
max timeout : 10
hops: 4
next-to-pick: 1
E.164 register: yes
auto logout: no
stat collect: no
Group 2
type: sequential
pilot number: 601, peer-tag 20098
list of numbers:
123,



[20141 132 0 login down]
[20140 131 0 login down]
[20139 130 0 login down]
*, aux-number A100A9701, # peers 1, logout 0, down 1
on-hook time stamp 7616, off-hook agents=0
peer-tag dn-tag rna login/logout up/down
[20143 0 0 - down]
102, aux-number A100A9702, # peers 2, logout 0, down 2





Cisco Unified CME 11.6 or later is required to support HLog softkey, feature button, and agent status
control.

Cisco Unified CME 11.6 or later is required to configure present-call









pilot 500
list 502, 503, *
max-timeout 30
timeout 10, 10, 10
hops 2
from-ring
fwd-final orig-phone
!
!
voice-hunt 2 sequential
pilot 600
list 621, *, 623
final 5255348
max-timeout 10
timeout



[20120 40 0 login up ]
[20119 30 0 login up ]
[20118 29 0 login down]
452, aux-number A450A0901, # peers 4, logout 0, down 0
peer-tag dn-tag rna login/logout up/down
[20127 45 0 login up ]
[20126 44 0 login up ]
[20125 43 0 login up ]
[20124 31 0 login up ]
453, aux-number A450A0902, # peers 4, logout 0, down 0
peer-tag dn-tag rna login/logout up/down
[20131 48 0 login up ]
[20130 47 0 login up ]
[20129 46 0 login up ]
[20128 32 0 login up ]
477, aux-number A450A0903, # peers 1, logout 0, down 0
peer-tag dn-tag rna login/logout up/down
[20132 499 0 login up ]
preference: 0
preference (sec): 7
timeout: 3, 3, 3, 3
max timeout : 10
hops: 4



peer-tag dn-tag rna login/logout up/down
[20143 0 0 - down]
102, aux-number A100A9702, # peers 2, logout 0, down 2
on-hook time stamp 7616, off-hook agents=0
peer-tag dn-tag M





Hold and resume statistics are not updated for remote SCCP voice hunt group agents.















PurposeCommand or Action

Exits ephone-dn configuration mode.exit

Example:
Router(config-ephone-dn)# exit

Step 14

Enters ephone configuration mode.











Example:
Router# show running-config

telephony-service
fxo hook-flash
load



hunt-group report delay 1 hours
Number of hunt-group configured: 14
hunt-group







Restriction Call waiting is disabled when you configure ephone-dn overlays using the o keyword with the button
command. To enable call waiting, you must configure ephone-dn overlays using the c keyword with
the button command.

Rollover of overlay calls to another phone button by using the x keyword with the button command
only works to expand coverage if





P u r p o s e C o m m a n d  o r  A c t i o n
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!
voice register global
mode cme
source-address 10.1.1.2 port 5060
load 7971 SIP70.8-0-1-11S
load 7970 SIP70.8-0-1-11S
load 7961GE SIP41.8-0-1-0DEV
load 7961 SIP41.8-0-1-0DEV
authenticate ood-refer
authenticate credential 1





Example for SIP Call Hunt
The following example shows a typical configuration in which huntstop is required. The huntstop command
is enabled and prevents calls to extension 5001 from being rerouted to the on-net H.323 dial peer













Example for Dynamic Membership To Ephone-Hunt
The following example creates four ephone-dns and a hunt group that includes the first









Example for Night Service on SCCP Phones
The following example provides night service before 8 a.m. and after 5 p.m. Monday through





Example for Overlaid Dual-Line Ephone-dn

The following example shows how to overlay dual-line ephone-dns. In addition to using the huntstop and
preference commands, you must use the huntstop channel command to prevent calls from hunting to the
second channel of an ephone-dn. This example overlays five ephone-dns on button 1 on five different ephones.
This allows five separate calls to the same

se





ephone-dn number. Note that if ephone-dn 10 and ephone-dn 11 are busy, the call will go



shared among the three phones. Three phones with three buttons each can take nine calls. The overflow buttons
provide the ability for an incoming





http://www.cisco.com/en/US/docs/ios/12_3/vvf_c/dial_peer/dp_confg.html
http://www.cisco.com/en/US/docs/ios/12_3/vvf_c/dial_peer/dpeer_c.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/bacd/configuration/guide/cme40tcl/40bacd.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/bacd/configuration/guide/cme40tcl/40bacd.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/bacd/configuration/guide/cme40tcl.html


http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
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C H A P T E R  45
Caller ID Blocking

Restrictions for Caller ID Blocking, page 1363

Information About Caller ID Blocking, page 1363

Configure Caller ID Blocking, page 1364

Configuration Examples for Caller ID Blocking, page 1368

Feature Information for Caller ID Blocking, page 1368

Restrictions for Caller ID Blocking
Caller ID blocking on outbound calls does not apply to PSTN calls through foreign exchange office



calls while preventing caller-ID display for external calls going over VoIP. This feature can be









Configuration Examples for Caller ID Blocking

Example for Configuring Caller ID Blocking Code
The following example defines a code of *1234 for phone users to enter to block caller ID on their outgoing
calls:

telephony-service
caller-id block code *1234

Example for Configuring Caller ID Blocking for Outbound Calls from a Directory

http://www.cisco.com/go/cfn
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Conferencing

Restrictions for Conferencing, page 1369

Information About Conferencing, page 1369

Configure Conferencing, page 1377

Configuration Examples for Conferencing, page 1406

Where to







From Cisco Unified CME Release 11.7, when the creator transfers the call or parks the call with























http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html


Enable DSP Farm Services for a Voice Card
To enable DSP farm services for a voice card to support multi-party ad hoc and



















SUMMARY STEPS

1. enable
2. configure terminal
3. ephone-dn dn-tag dual-line
4. number number [











What to Do Next

If you are finished modifying the configuration, you are ready to generate configuration files for the phones
to be connected. See Generate Configuration Files for SCCP Phones, on page 388.

Verify Multi-Party Ad Hoc and Meet-Me Conferencing on SCCP Phones
Use the following show commands to verify multi-party ad hoc and meet-me conferencing:

show ephone-dn conference Displays information about ad hoc and o c n G e n m u d i n f o r Q U ͯ u t o r o ɞ o ₤e p h o ὠ o nP o r



A dual VWIC-2MFT-T1 or E-1 loopback for internal callers. The number of VWIC-2MFT-T1 cards
required depends on the number of local IP phones parties that need to dial into the meet-me conference.
Each

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/unity_exp/compatibility/cuecomp.html
http://www.cisco.com/en/US/docs/voice_ip_comm/unity_exp/roadmap/cuedocs.html
http://www.cisco.com/en/US/docs/voice_ip_comm/unity_exp/roadmap/cuedocs.html


Restriction The number of meet-me conferences and parties per conference is limited











.

.

What to Do Next
Load and configure the auto-attendant script file for Meet-me Conferencing. For information about logging

http://www.cisco.com/en/US/docs/voice_ip_comm/unity_exp/roadmap/cuedocs.html
https://software.cisco.com/download/navigator.html
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keep-conference drop-last local-only

In u















ip address 10.64.86.106 255.255.0.0
shutdown
media-type rj45
negotiation auto
ipv6 address







Example of DSP Farm and Cisco Unified CME on Different Routers





ephone-template 1
softkeys hold Resume Newcall Select Join
softkeys idle Redial Newcall ConfList RmLstC Cfwdall Join Pickup Login HLog Dnd Gpickup
softkeys seized Endcall Redial Cfwdall Meetme Pickup Callback
softkeys alerting
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conference meetme
preference 9
no huntstop

!
!
ephone-dn 46 dual-line
number 6666
conference meetme
preference 10
no huntstop

!
!
ephone-dn 47 dual-line
number 6666
conference meetme
preference 10
no huntstop

!
!
ephone-dn 48 dual-line
number 6666
conference meetme
preference 10

!
!
ephone-dn 51 dual-line
number A0001
name conference
conference ad-hoc
preference 1
no huntstop

!
!
ephone-dn 52 dual-line
number A0001
name conference
conference ad-hoc
preference 2
no huntstop

!
!
ephone-dn 53 dual-line
number A0001
name conference
conference ad-hoc
preference 3
no huntstop

!
!
ephone-dn 54 dual-line
number A0001
name conference
conference ad-hoc
preference 4

!
!
ephone 1
ephone-template 1
mac-address C863.B965.2401
type anl
button 1:1

!
!
!
ephone 22
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Type ? in ephone-template or voice-register-template configuration mode to display a list of features that can
be implemented by using templates.

For configuration information, see Create an Ephone Template, on



DETAILED STEPS



PurposeCommand or Action

Returns to privileged EXEC mode.end

Example:





Step 2 show telephony-service ephone-template
Use is command to display information about an ephone template in Cisco Unified CME, including a list of features
enabled in the configuration.

Step 3 show telephony-service ephone-dn
Use is command to display information about directory numbers ͞ Useconfiguratthe



DETAILED STEPS



Examples

The following example shows templates 1 and 2 and how to do the following:

Apply template 1 to SIP phones 1 to 3.

Apply template 2 to SIP phone 4.

Remove a previously created template 5 from SIP phone 5.

Router(config)# voice register template 1
Router(config-register-temp)# anonymous block
Router(config-register-temp)# caller-id block
Router(config-register-temp)# voicemail 5001 timeout 15

Router(config)# voice register template 2
Router(config-register-temp)# anonymous block
Router(config-register-temp)# caller-id block
Router(config-register-temp)# no conference
Router(config-register-temp)# no transfer-attended
Router(config-register-temp)# voicemail 5005 timeout 15

Router(config)# voice register pool 1
Router(config-register-pool)# template 1

Router(config)# voice register pool 2
Router(config-register-pool)# template 1

Router(config)# voice register pool 3
Router(config-register-pool)# template 1

Router(config)# voice register pool 4
Router(config-register-pool)# template 2

Router(config)# voice register pool 5
Router(config-register-pool)# no template 5

Configuration Examples for Creating Templates

Example to Block The Use of Park and Transfer Soft Keys Using Ephone
Template

The following example creates an ephone



Example to Set Call Forwarding Using Ephone-dn Template
The following example creates ephone-dn template 3, which sets call forwarding on busy and

http://www.cisco.com/go/cfn




http://www.cisco.com/en/US/products/sw/voicesw/ps4625/products_tech_note09186a008062495a.shtml
http://www.cisco.com/en/US/products/sw/voicesw/ps4625/products_tech_note09186a008062495a.shtml
http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp
http://www.cisco.com/cgi-bin/tablebuild.pl/ip-iostsp






Fixed Line-Feature Buttons for Cisco Unified IP Phone 7931G
In Cisco Unified CME 4.0(2) and later versions, you can select from two fixed button-layout



Programmable Vendor Parameters for Phones
The vendorConfig section of the configuration file contains phone and display parameters that are read and
implemented by a phone's firmware when that phone is booted. Only the parameters supported by the





directory lookup rule to translate the outgoing phone numbers and display the incoming phone numbers with
a rich caller ID. A rich caller ID displays a caller s name, caller

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/jabber/Windows/9_2/JABW_BK_C9731738_00_jabber-windows-install-config.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/jabber/Windows/9_2/JABW_BK_C9731738_00_jabber-windows-install-config.html








PurposeCommand or Action

Generates provisioning files required for SIP phones and
writes the file to the location specified with the





Clear Call-History Details from a SCCP Phone
To clear the display of Call History details such as Missed Calls, Placed Calls, and





Check the Missed Calls, Placed Calls, and Received Calls on your phone s local directory.

Configure Dial Rules for Cisco Softphone SIP Client

Before You Begin

Cisco Unified CME 8.6 or a later version.

Support for idle url is available





Select Button Layout for a Cisco Unified SCCP IP Phone 7931G

Before You Begin

Cisco Unified CME 4.0(2) or a later version.

SUMMARY STEPS

1.1.1.1.1.

















DETAILED STEPS









SUMMARY STEPS

1. enable
2. configure terminal
3. ephone template template-tag
4. feature-button index







Modify Header Bar Display on SCCP Phones

Before You Begin

Directory number to be modified is already configured. For configuration information, see



What to Do Next

If you are done modifying parameters for phones in Cisco Unified CME, generate a new configuration file
and restart the phones. See Generate Configuration Files for Phones, on page 388.

Modify Header Bar Display Supported SIP Phones



PurposeCommand or Action



number 2149
description 408-555-0149

ephone 34
mac-address 0030.94C3.F96A
button 1:22 2:23 3:24
speed-dial 1 5004
speed-dial 2 5001













SUMMARY STEPS

1. enable
2. configure terminal
3. telephony-service
4. url {dir







Restriction Only the parameters supported by the currently loaded firmware are available.

The number and type of parameters may vary from one firmware version to the next.

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html


PurposeCommand or Action

Returns to privileged EXEC mode.end

Example:



http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html








http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html
http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/command/reference/cme_cr.html




number 1089
call-forward b2bua busy 1500
call-forward b2bua mailbox 1500
call-forward b2bua noan 1500 timeout 20
pickup-call any-group
pickup-group 1
name CME SIP iPhone
label CME SIP iPhone

!
!
voice register pool 8
registration-timer max 720 min 660
park reservation-group 1
session-transport tcp
type CiscoMobile-iOS
number 1 dn 10
dtmf-relay rtp-nte

!
ephone-dn 61
number 1061
park-slot



phone-mode phone-only
!

The following example shows how to configure the Cisco Jabber CSF client
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First-party call control for SIP-based simple and supplementary calls

Call monitoring and device



Table 113: Tasks to Configure Interoperability between Cisco CRS and Cisco Unified CME

http://www.cisco.com/c/en/us/support/customer-collaboration/unified-contact-center-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/support/customer-collaboration/unified-contact-center-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/support/customer-collaboration/unified-contact-center-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/support/customer-collaboration/unified-contact-center-express/products-device-support-tables-list.html
http://www.cisco.com/en/US/products/sw/custcosw/ps1846/products_installation_and_configuration_guides_list.html
http://www.cisco.com/en/US/products/sw/custcosw/ps1846/products_installation_and_configuration_guides_list.html


http://www.cisco.com/c/en/us/support/customer-collaboration/unified-contact-center-express/products-device-support-tables-list.html
http://www.cisco.com/c/en/us/support/customer-collaboration/unified-contact-center-express/products-device-support-tables-list.html






Identify Agent Directory Numbers in Cisco Unified CME for Session Manager
on SCCP Phones

To specify which directory numbers, associated with phone lines on Cisco Unified







SUMMARY STEPS

1. enable
2. configure terminal
3. voice register session-server session-server-tag
4. register id name
5. keepalive seconds
6. end

DETAILED STEPS





SUMMARY STEPS

1. enable
2. configure terminal
3. voice register dn dn-tag
4. number number
5. session-server session-server-tag [,...session-server-tag]
6. allow watch
7. refer target





PurposeCommand or Action

Specifies the codec for the dial peer dynamically created



ip dhcp pool ephones
network 192.0.2.0 255.255.255.0
option 150 ip 192.0.2.254
default-router





dtmf-relay rtp-nte
voice-class codec 1
username rp-sip-1-18 password pool18

!
!
!
!
!
!
!





session target ipv4:209.165.201.3
dtmf-relay rtp-nte sip-notify

!
!
presence
presence call-list
watcher all
allow subscribe

!
sip-ua
mwi-server ipv4:209.165.202.128 expires 3600 port 5060 transport udp
presence enable

!







http://www.cisco.com/go/cfn








CSTA Client Application Deployment

Typically, a computer-based application uses CSTA to control its associated PBX phone



http://developer.cisco.com/web/ucxapi/docs
























!
voice service voip
allow-connections sip to sip
no supplementary-service sip moved-temporarily
no supplementary-service sip refer
no cti shutdown
cti csta mode basic

!
!
!
!
voice logout-profile 1
number 203 type normal

!
voice user-profile 1
user user204 password psswrd
number 204 type normal

!
voice-card 0
!
!
!
archive
log config
hidekeys

!
!
!
interface FastEthernet0/0
ip address 10.0.0.1 255.255.255.0
duplex auto
spep







ip route 0.0.0.0 0.0.0.0 10.1.43.254
ip route 223.255.254.254 255.255.255.255 1.5.0.1
!
!
ip http server
!
!
ixi transport http
response size 64

y # y Ş nse 2N ns ns Ѹ nse
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When the system automatically detects a failure, Cisco Unified SRST uses Simple Network Auto Provisioning



2 While the fallback phones are registering, the router in SRSTmode initiates an interrogation of the phones
in order to learn their phone and extension configurations. The following information is acquired or
learned by the router:

MAC address

Number of lines or buttons

Ephone-dn-to-button relationship

Speed-dial numbers

3 The option defined with the srst mode auto-provision command





call is put on hold to connect to another. Single-line ephone-dns are required for certain features













srst ephone description srst fallback auto-provision phone
srst ephone template 5

.

.

.

The
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http://www.cisco.com/c/en/us/td/docs/ios/12_4t/12_4t15/vrfawvgw.html
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rd 802:1
route-target export 802:1
route-target import 1000:1

!
ip vrf voice-vrf
rd 1000:1
route-target export 1000:1
route-target import 801:1
route-target import 802:1

!

Interfaces on the router must be configured for the VRFs by using the ip vrf forwarding command.

Only global voice VRF is supported for SIP trunk.Note

Example:

interface GigabitEthernet0/0.301



http://www.cisco.com/c/en/us/support/unified-communications/unity-express/products-maintenance-guides-list.html
http://www.cisco.com/c/en/us/support/unified-communications/unity-express/products-maintenance-guides-list.html




SUMMARY STEPS

1. enable
2. configure terminal
3. telephony-service
4. group group-tag [vrf









Restriction All SCCP phones in Cisco



PurposeCommand or Action

(Optional) Includes descriptive text about the interface.description string
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Configure DSP farm as usual on a Cisco router.

The external DSP farm must be





blf-speed-dial 1 14002 label "14002"
blf-speed-dial 2 14006 label "14006"
blf-speed-dial 3 13001 label "13001"

!
voice register pool 4
id device-id-name arunsrin
type Jabber-CSF-Client
number 1 dn 4
group 3
dtmf-relay rtp-nte
username arunsrin password cisco
codec g711ulaw

!
voice register pool 5
registration-timer max 720 min
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VRF Support
Feature Information for VRF Support
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https://www.w3.org/TR/xmlschema-0/








ISgetGlobal

ISgetDevice

ISgetDeviceTemplate

ISgetExtension

ISgetExtensionTemplate

ISgetUser

ISgetUserProfile

ISgetUtilityDirectory

SIP IP Phones

ISgetVoiceRegGlobal

ISgetSipDevice

ISgetSipExtension

ISgetSessionServer

ISgetVoiceHuntGroup

ISgetPresenceGlobal

ISexecCLI
Use ISe¯ Ito e¯ a list of Cisco IOS commands on the Cisco router. The request must include the
CLI parameter with the Cisco IOS command string for each command to be



<ISexecCLIError></ISexecCLIError>
</response>
</axl>
</SOAP-ENV:Body>
</SOAP-ENV:Envelope>

The following example shows the response when the request fails. The value of ISexecCLIResponse identifies
which line number in the request failed. Any subsequent commands in the list of commands are not executed.
All preceding commands in the list were executed.

NV

w

h

e

n



Response

<response>
<ISGlobal>
<ISAddress>10.4.188.90</ISAddress>
<ISMode>ITS</ISMode>
<ISVersion>7.2</ISVersion>
<ISDeviceRegistered>0</ISDeviceRegistered>
<ISPeakDeviceRegistered>1</ISPeakDeviceRegistered>
<ISPeakDeviceRegisteredTime>9470</ISPeakDeviceRegisteredTime>





<name-only>true</name-only>
</caller-id>
<calling-number>
<initiator>true</initiator>
<local>false</local>
<secondary>false</secondary>
</calling-number>
<cnf-file>
<location>
<TFTP>flash:/its/</TFTP>
<flash>true</flash>
</location>
<option>perphonetype</option>
</cnf-file>
<default_codec>Unknown</default_codec>
<conference>
<hardware>true</hardware>
</conference>
<date-format>mm-dd-yy</date-format>
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<force>1</force>
</unregister>
</sdspfarm>
<secondary-dialtone>4567</secondary-dialtone>
<secure-signaling>
<trustpoint />
</secure-signaling>
<server-security-mode />
<service>
<local-directory>true</local-directory>
<local-directory_authenticate>false</local-directory_authenticate>
<dss>false</dss>
<dnis>
<overlay>false</overlay>
<dir-lookup>false</dir-lookup>
</dnis>
<directed-pickup>true</directed-pickup>
<directed-pickup_gpickup>false</directed-pickup_gpickup>
<phone_list>
<phone_item>
<index>1</index>
<phone_params>displayOnTime</phone_params>
<phone_text>time.xml</phone_text>
</phone_item>
</phone_list>
</service>
<ssh>
<userid>ngm</userid>
<password>ngm</password>
</ssh>
<standby>
<user>ngm</user>
<password>ngm</password>
</standby>
<system_message>LITTLE TWIN STARS (2800)</system_message>
<tftp-server-credentials>
<trustpoint />
</tftp-server-credentials>
<time-format>12</time-format>
<time-webedit>false</time-webedit>
<time-zone>0</time-zone>
<timeouts>
<busy_timeout>10</busy_timeout>
<interdigit_timeout>10</interdigit_timeout>
<ringing_timeout>180</ringing_timeout>
<transfer-recall_timeout>0</transfer-recall_timeout>
<night-service-bell_timeout>12</night-service-bell_timeout>
</timeouts></pO

<index>1 cM s e e mw /usb ecu x>1 asswooU tra= mw </pO eoicM s tem> <index>1 mw ne asswM s >1 assb ecu x>1 ooU tra= mw </pN eoicM s /pN eo rv _auu /in r co v _M pN -fowooU tra= 280y pN ¤ q ¨ Α ra icM



<messages>
<url>http://1.4.188.101/localdir</url>
</messages>
<services>
<url>http://1.4.188.101/localdir</url>
<name />
</services>
<proxy_server>
<url>http://1.4.188.101/localdir</url>
</proxy_server>
<idle>
<url>http://1.4.188.101/localdir</url>
<idle_timeout>90</idle_timeout>
</idle>
<authentication>
<url>http://1.4.188.101/localdir</url>
<user />
<password />
</authentication>
</url_list>
<user-locale_list>
<user-locale_item>
<index>0</index>
<locale>US</locale>
<package>en</package>
<load >
</user-locale_item>
<user-locale_item>
<index>1</index>
<locale>US</locale>
<package>en</package>
<load />
</user-locale_item>
<user-locale_item>
<index>2</index>
<locale>US</locale>
<package>en</package>
<load />
</user-locale_item>
<user-locale_item>
<index>3</index>
<locale>US</locale>







</speed-dial_list>
<ssh>
<userid>ngm</userid>
<password>ngm</password>
</ssh>
<phone_type>
<name>7911</name>
<addon_list>





<day_of_month>1<day_of_month>
<start_time>12:00<start_time>
<stop_time>14:00<stop_time>
<date_item>
<date_list>
<day_list>
<day_item>
<day_of_week>Mon<day_of_week>
<start_time>12:00<start_time>
<stop_time>14:00<stop_time>
<day_item>
<day_list>
<exempt>true<exempt>
<after-hours_login>





<exclude-services><em_service>false<em_service><directory_service>true<directory_service><myphoneapp_service>true<myphoneapp_service><exclude-services><park><reservation-group>1234<reservation-group><park><paging-dn><dn>0<dn><mode>multicast<mode><paging-dn><speed-dial_list><speed-dial_item><index>1<index><phone_number>1234<phone_number><label>play<label><speed-dial_item><speed-dial_list><ssh><userid>test<userid>











<incoming />
<outgoing />
</corlist>
<cti>
<notify>false</notify>
<watch>false</watch>
</cti>
<descriptiona a a m e i> <niom utg> Ѯ</ciom utg> <wm od ues> </ ng as n ad u ng as n ad e i> </ u gt> ln l 8 ln l n t' <wm iutp  /cm iutp w s /ciM s> <wm na af /cm w w aiM s> tih w aiM s> <wp k iutp ! >







ISgetVoiceRegGlobal
Use the ISgetVoiceRegGlobal to retrieve status and configuration information of global parameters



<ISSipDevice>
<ISPoolID>1</ISPoolID>
<ISDevMac>0013.1978.3CA5</ISDevMac>
<ISSessionServerID>0</ISSessionServerID>
<ISDevAddr>



</ISSessionServerIDs>
<ISAllowWatch>true</ISAllowWatch>
<firstName>Henry</firstName>
<lastName>Mann</lastName>
<ISSipDevList>
<ISPoolID>1</ISPoolID>
<ISPoolID>2</ISPoolID>
</ISSipDevList>
</ISSipExtension>
</ISSipExtensions>
</response>

ISgetSessionServer
Use ISgetSessionServer to retrieve



ISKeyword with one of the following keywords:

all All















Example for XML Authentication
The following example selects HTTP as the XML transport method. It allows access for user23 with

http://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucme/xml/developer/guide/xmldev.html
http://www.cisco.com/go/cfn
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