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NEW QUESTION 1
How are E.164 called-party numbers normalized on a globalized call-routing environment in Cisco UCM?

A. Call ingress must be normalized before the call being routed.

B. Normalization is not required.

C. Normalization is achieved by stripping or translating the called numbers to internally used directory numbers.

D. Normalization is achieved by setting up calling search spaces and partitions at the SIP trunks for PSTN connection.

Answer: C

NEW QUESTION 2
Refer to the exhibit.
controller t1 0/0/1
pri-group timeslots 1-24
clack saurce line
linecode h8zs

framing esf|

An administrator must replace the T1 card with an E1 card. What is the correct configuration if the administrator was asked to configure 12 time slots?

A controller o1 0/0/1
pri-group timeslots 1-12
clock source network
linecode hdb3d
framing crcd

5 controller e1 0/0/1
pri-group timeslots 1-11, 12
clock source line
linecode hdb3d
framing crcd

¢ controller e1 0/0/1
pri-group timeslots 1-12
clock source line
linecode hdb3d
framing crcd

0. controller e1 0/0/1
pri-group timesiots 1-12
clock source line
linecode crcd
framing hd3

Answer: C

NEW QUESTION 3
Which two protocols can be configured for the Cisco Unity Connection and Cisco UCM integration? (Choose two.)

A. 323
B. SIP
C. SCCP
D. MGCP
E. RTP

Answer: BC

Explanation:

The two protocols that can be configured for the Cisco Unity Connection and Cisco UCM integration are SIP and SCCP. SIP, or Session Initiation Protocol, is a
signaling protocol used for initiating, maintaining, and terminating real-time sessions, including voice, video, and messaging applications.

SCCP, or Skinny Client Control Protocol, is a Cisco proprietary signaling protocol used for controlling Cisco IP phones.

H.323 is an older signaling protocol that is no longer widely used. MGCP, or Media Gateway Control Protocol, is a protocol used for controlling media gateways.
RTP, or Real-time Transport Protocol, is a protocol used for transporting real-time data, such as voice and video
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NEW QUESTION 4

Which information is needed to restore the backup of a Cisco UCM publisher successfully?

A. the TFTP server details

B. the application credentials for Cisco UCM
C. the security password for Cisco UCM

D. the FTP server details

Answer: C

NEW QUESTION 5
Refer to the exhibit.

voice class codec 20

codec preference 1g722-64
codec preference 2 ilbc mod 30
|
dial-peer voice 200 voip
destination-pattern ~408555...5
session target ipv4:10.2.3.4

incoming called-number 9T

dtmf-relay h245-alphanumeric rtp—ntei

no vad
|

An administrator configured a codec preference list with 0,122 and ILBC codecs. Which change must the administrator make in the dial-peer section of the

configuration to use this list?
A. add voice-codecs 20

B. add session codec 20

C. add codec preference 20
D. add voice-class codec 20

Answer: D

NEW QUESTION 6

An engineer is configuring a phone system CISCO UCM and wants to activate TFTP service. The engineer selects the serviceability page for configuration. Which

nodes configurable for TFTP?

A. any two nodes
B. any node

C. only nodes that have Cisco UCM service enabled

D. any subscriber nodes
Answer: C

Explanation:

TFTP is a network protocol that is used to transfer files between devices. It is often used to transfer firmware and configuration files to network devices. In order to

use TFTP, the device must have a TFTP server configured.

In Cisco UCM, the TFTP server is configured on the serviceability page. The TFTP server can be configured on any node that has Cisco UCM service enabled.

The TFTP server cannot be configured on nodes that do not have Cisco UCM service enabled.

NEW QUESTION 7

What are two common attributes of XMPP XML stanzas? (Choase two.)

A. from

B. to

C. destination
D. version

E. Source

Answer: AB

NEW QUESTION 8

A high-speed network is often configured with a five-class QoS model. Which classes are used in the model?

A. real-time, call-signaling, critical data, best-effort, and scavenger
B. real-time, signaling, critical data, best-effort and drop-class

C. call-signaling, real-time, critical data, best-effort, and drop-class
D. voice, video, signaling, critical data, and best-effort

Answer: A

NEW QUESTION 9

Which type of message must an administrator configure in the SIP Trunk Security Profile for a Message Waiting Indicator light to work with a SIP integration
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between Cisco UCM and Cisco Unity Connection?

A. Unsolicited NOTIFY
B. 200 ok

C. SIP Register

D. TCP port 5060

Answer: A

NEW QUESTION 10
When designing the capacity for a Cisco UCM 12.x cluster, an engineer must decide which VMware template will be used for each node. What is the lowest
number of users supported in a template and the highest number of users in a template?

A. 750 and 15.000 users
B. 750 and 10.000 users
C. 500 and 10.000 users
D. 1000 and 10.000 users

Answer: D

NEW QUESTION 10
Which endpoint feature is supported using Mobile and Remote Access through Cisco Expressway?

A. SSO

B. H.323 registration proxy to Cisco Unified Communications Manager
C. MGCP gateway registration

D. SRST

Answer: A

NEW QUESTION 15
Which type of input is required when configuring a third-party SIP phone?

A. digest user

B. manufacturer

C. serial number350-801 2023-4
D. authorization code

Answer: A

NEW QUESTION 19
An employee of company ABC just quit. The IT administrator deleted the employee’s user id from the active directory at 10 a m. on March 4th The nightly sync
occurs at 10 p.m. daily. The IT administrator wants to troubleshoot and find a way to delete the user id as soon as possible How is this issue resolved?

A. Wart until 10 pm on March 4th when the user is automatically removed from Cisco UCM.
B. Wait until 10 pm on March 5th when the user is automatically removed from Cisco UCM.
C. Wait until 3 15 a.

D. on March 6th for garbage collection to remove the user from Cisco UCM.

E. Wait until 315am on March 5th for garbage collection to remove the user from Cisco UCM.

Answer: C

NEW QUESTION 21

Refer to the exhibit.

dial-peer voice 10 veoip
destination-pattern 1
session target ipv4:10.1.1.1
no vad

An engineer configures a VolP dial peer on a Cisco gateway. Which codec is used?

A. G711alaw

B. No codec is used (missing codec command)
C. G.711ulaw

D. G729r8

Answer: D

NEW QUESTION 26

An administrator is configuring a new Cisco UCM with PSTN capabilities. Due to bandwidth constraints, audio compression is used on the codec. DTMF must work
as expected because the customer is calling many call centers where the users must select options in the call. Where is DTMF out-of-band in a CCM 12.5 with SIP-
based gateway configured?

A. in the DTMF setting under SIP profile on the Cisco Unified Border Element

B. in the dial peer on the Cisco IOS router

C. in regions on the Cisco UCM where the appropriate codec to use is set

D. in DTMF settings in the audio codec preference list under regions in the Cisco UCM
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Answer: B

NEW QUESTION 28
What are two features of Cisco Expressway that the customer gets if Expressway-C and Expressway-E are deployed?(Choose two.)

A. highly secure freal-traversal technology to extend organizational reach.

B. additional visibility of the edge traffic in an organization.

C. complete endpoint registration and monitoring capabilities for devices that are local and remote.

D. session-based access to comprehensive collaboration for remote workers, without the need for a separate VPN client.
E. utilization and adoption metrics of all remotely connected devices.

Answer: AD

NEW QUESTION 30
According to QoS guidelines, what is the packet loss for streaming video?

A. Not more than 8%
B. Not more than 1%
C. Not more than 3%
D. Not more than 5%

Answer: B

NEW QUESTION 31
A collaboration engineer adds a voice gateway to Cisco UCM. The engineer creates a new gateway device in Cisco UCM. selects VG320 as the device type and
selects MGCP as the protocol What must be done next to add the gateway to the Cisco UCM database?

A. Select the DTMF relay type for the gateway.

B. Select a device pool for the new gateway.

C. Add the FQDN or hostname of the device.

D. Configure the module in slot 0 of the new gateway.

Answer: C

NEW QUESTION 33
A collaboration engineer must configure Cisco Unified Border Element to support up to five concurrent outbound calls across an Ethernet Link with a bandwidth of
160 kb to the Internet Telephony service provider. Which set of commands allows the engineer to complete the task without compromising voice quality?

A)

dial-peer volce 1 voip
tran=lation profile owutgoeng Stnp3
man -conn 5
destinaton-pattemn 51 [2-9).[2-9] %
session protocol 1:;:“1'2 45101
aession target ipv A0
dtraf-relay rip-nte sip-notify sip-kpmil
codec aacid

B)

"
dial-peer volce 1 voip
tran=slation-profile outgoing Strip®
max-conn 5
destination-pattern 91[2-9]_[2-9])- 3
session protocol sipv2
neasion target ipvd 147 45 101 . .
dtrnf-relay rip-ole Sip- notify = ip-bpm
codec ilbe mods 20

C€)

digal-peer voice 1 voip
1r‘.1n-.l,-t|nn-1.u ofile outgoing Stripd
man-conn B
destination- poartern ‘Ell'!;? 9)._[=z-9) b
session protocol sipy
';.c--:-..inn target ipvd 142 40 'Ilii 1 i
dtrmf-relay rip-rte P aotify =i
o odec mpda-latrm

D)

dial-peer voice 1 voip

ranslation-profiles ou
<]

gl Stnps
EY =ttty : .
‘:.;-:-:-1Il|,lll-r)ﬂ pratterm a1[2-9] [z-9]

- ol sipvd
sion Protor e 14248 10,1

= ip-rrotify =P wpmi

.
L@ siOn targest Pv

dumf-relay rip-nte

A. Option A
B. Option B
C. Option C
D. Option D
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Answer: B

NEW QUESTION 38
Which two functions are provided by Cisco Expressway Series? (Choose two.)

A. voice and video transcoding
B. voice and video conferencing
C. interworking of SIP and H.323
D. intercluster extension mobility
E. endpoint registration

Answer: AC

Explanation:
The Cisco Expressway Series provides the following functions:

> Voice and video transcoding

> Interworking of SIP and H.323

> Firewall traversal

> Session border controller (SBC) functionality
> Endpoint registration

> Call admission control (CAC)

> Quality of service (QoS)

> Security
The Cisco Expressway Series does not provide voice and video conferencing or intercluster extension mobility.

NEW QUESTION 41
An engineer with ID012345678 must build an international dial plan in Cisco UCM. Which action is taken when building a variable-length route pattern?

A. configure single route pattern for international calls

B. set up all international route patterns to 0.!

C. reduce the T302 timer to less than 4 seconds

D. create a second route pattern followed by the # wildcard

Answer: D

Explanation:

When building a variable-length route pattern, you need to create a second route pattern followed by the # wildcard. This will allow the user to indicate the end of
the number by dialing #. For example, if you want to create a route pattern for international calls, you would create a route pattern like this: 9.011#

This route pattern will match any number that starts with 9.011, followed by any number of digits, and then ends with #.

The other options are incorrect because:

> Configuring a single route pattern for international calls will not allow the user to indicate the end of the number.
> Reducing the T302 timer to less than 4 seconds will not allow the user to indicate the end of the number.

NEW QUESTION 44
A company wants to provide remote user with access to its premises Cisco collaboration features. Which components are required to enable cisco mobile and
remote access for the users?

A. Cisco Unified Border Element, Cisco IM and Presence Server, and Cisco Video Communication Server
B. Cisco Expressway-E Cisco Expressway-C and Cisco UCM

C. Cisco Expressway-E, Cisco IM and Presence Server, and Cisco Video Communication Server

D. Cisco Unified Border Elemen

E. Cisco UCM, and Cisco Video Communication Server

Answer: B

NEW QUESTION 47

What is the purpose of Mobile and Remote Access (MRA) in the Cisco UCM architecture?

A. MRA is used to access Webex cloud services only if authenticated with on-premises LDAP service.
B. MRA is used to make secure PSTN calls by Cisco UCM only while on-premises authentication.

C. MRA is used to make B2B calls through Expressway registration.

D. MRA is used to access the collaboration services offered by Cisco UCM from off-premises network connections
Answer: D

NEW QUESTION 49

Which configuration on Cisco UCM is required for SIP MWI to work?

A. Assign an MWI extension on the mailbox.

B. The line partition must be inside the inbound CSS assigned to the CUC SIP trunk.

C. The line partition must be inside the rerouting CSS assigned to the Cisco Unity Connection SIP trunk.

D. Set the"Enable message waiting indicator" on the port group.

Answer: B
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Explanation:
The line partition must be inside the inbound CSS assigned to the CUC SIP trunk. This ensures that the SIP MWI messages are sent to the correct destination.
The other options are incorrect because:

> Assigning an MWI extension on the mailbox is not required for SIP MWI to work.
> The line partition does not need to be inside the rerouting CSS assigned to the Cisco Unity Connection SIP trunk.
> Setting the "Enable message waiting indicator" on the port group is not required for SIP MWI to work.

NEW QUESTION 51
An engineer implements QoS in the enterprise network. Which command is used to verity the classification and marking on a Cisco 10S switch?

A. show class-map interface GigabitEthernet 1/0/1
B. show policy-map interface GigabitEthernet 1/0/1
C. show access-lists
D. show policy-map

Answer: B

NEW QUESTION 52
A SIP phone has been configured in the system with MAC address 0030.96D2.D5CB. The phone retrieves the configuration file from the Cisco UCM. Which
naming format is the file that is downloaded?

A. SIP003096D2D5CB.cnf.xml
B. SEP003096D2D5CB.cnf.xml
C. SEP003096D2D5CB.cnf
D. SIP003096D2D5CB.cnf

Answer: B

NEW QUESTION 54
An engineer wants to manually deploy a CISCO Webex DX80 Video endpoint to a remote user. Which type of provisioning is configured on the endpoint?

A. Cisco Unified Border Element
B. Cisco Unity Connection

C. Cisco Meeting Server

D. Edge

Answer: D

Explanation:
The Cisco Webex DX80 Video endpoint can be provisioned in two ways:

> Automatically, using the Cisco Unified Communications Manager (CUCM) or Cisco Video Communication Server (VCS)

> Manually, using the Edge provisioning mode

The Edge provisioning mode is used when the endpoint is not connected to the CUCM or VCS. In this mode, the endpoint is configured with the necessary
settings, such as the IP address, SIP/H.323 parameters, and time and date.

The Cisco Unified Border Element (Cisco UBE) is a network element that provides security and call control for IP telephony networks. The Cisco Unity Connection
is a unified messaging system that provides voicemail, email, and fax services. The Cisco Meeting Server is a video conferencing system that provides high-quality
video and audio conferencing.

NEW QUESTION 59
An administrator configures the voicemail feature in a Cisco collaboration deployment. The user mailboxes must be configured when the Cisco Unity Connection
server is configured. Which action accomplishes this task?

A. Configure a SIP integration with Cisco UCM to sync users.

B. Configure an SCCP integration with Cisco UCM.

C. Configure an AXL server to access the Cisco UCM users.

D. Configure an active directory to sync the users who will have a voicemail box.

Answer: C

NEW QUESTION 61
What are two functions of Cisco Expressway in the Collaboration Edge? (Choose two.)

A. Expressway-C provides encryption (or Mobile and Remote Access but not (or business-to-business communications.

B. The Expressway-C and Expressway-E pair can enable connectivity from the corporate network to the PSTN via a T1/E1 trunk.

C. The Expressway-C and Expressway-E pair can interconnect H.323-to-SIP calls for voice.

D. Expressway-E provides a VPN entry point for Cisco IP phones with a Cisco AnyConnect client using authentication based on certificates.
E. Expressway-E provides a perimeter network that separates the enterprise network from the Internet.

Answer: CE

NEW QUESTION 65

Which version is used to provide encryption for SNMP management traffic in collaboration deployments?
A. SNMPv1

B. SNMPv3
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C. SNMPv2
D. SNMPv2c

Answer: B

NEW QUESTION 66
A Cisco UCM administrator sets up new route patterns to support phones in tour different locations, all with local gateways. The administrator wants to use the
same route pattern for all four locations. How must the system be configured to achieve this goal?

A. Use CSS alternate routing rules.

B. Use standard local route groups.
C. Add a CSS to each local gateway.
D. Use transforms in the route groups.

Answer: B

NEW QUESTION 71
Which two protocols are proxied over an Expressway-E/C pair when a Mobile and Remote Access login including phone services is performed? (Choose two.)

A. HTTPS
B. H.323
C.SIP

D. SCCP
E. SRTP

Answer: AC

NEW QUESTION 73
What is required for Cisco UCM to accept SIP calls with a URI in the format of 'sip:2001@cucmpub.cisco.com'?

A. Define Cluster Fully Qualified Domain Name under Servers in Cisco UCM.

B. Change the Destination Address to a Fully Qualified Domain Name on the SIP trunk.
C. Define Cluster Fully Qualified Domain Name in Enterprise Parameters.

D. Set the SIPS URI Handling to True in CallManager Service Parameters.

Answer: C

NEW QUESTION 74
A company wants to provide remote users with access to its on-premises Cisco collaboration features. Which components are required to enable Cisco Mobile and
Remote Access for the users?

A. Cisco Expressway-E, Cisco IM and Presence Server, and Cisco Video Communication Server

B. Cisco Unified Border Element, Cisco IM and Presence Server and Cisco Video Communication Server
C. Cisco Expressway-E, Cisco Expressway-C, and Cisco UCM

D. Cisco Unified Border Element, Cisco UCM, and Cisco Video Communication Server

Answer: C

NEW QUESTION 77
An administrator is asked to implement toll fraud prevention in Cisco UCM, specifically to restrict off-net to off-net call transfers. How is this implemented?

A. Enforce ad-hoc conference restrictions.
B. Set the appropriate service parameter.
C. Implement time-of-day routing.

D. Use the correct route filters.

Answer: B

Explanation:

To restrict off-net to off-net call transfers, an administrator can set the "Block Offnet to Offnet Transfer" service parameter to "On". This will prevent users from
transferring calls from one external number to another external number.

The other options are not correct because:

> A. Enforce ad-hoc conference restrictions: This will prevent users from creating ad-hoc conferences, but it will not prevent them from transferring calls.

> C. Implement time-of-day routing: This will allow calls to be routed to different destinations based on the time of day, but it will not prevent users from
transferring calls.

> D. Use the correct route filters: This will allow calls to be filtered based on the destination, but it will not prevent users from transferring calls.

NEW QUESTION 80

A company deploys centralized cisco ucm architecture for a hub location and two remote sites.

*The company has only one ITSP connection at the hub connection, and ITSP supports only G.711 calls

*Remote site A has a 1-Gbps fiber connection to the hub connection and calls to and from remote side A use G.711 codec

*Remote site B has a 1 T1 connection to the hub location and calls to and from remote site B use G.729 codec Based on the provided guidance, a Cisco voice
engineer must design media resource management for the

customer What is the method that needs to be followed?

A. configure the hardware transcoder on the site B router
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B. configure the hardware transcoder on the site A router
C. configure the hardware transcoder on the hub location router
D. configure the software transcoder on Cisco UCM to support voice calls to and from both remote sites

Answer: C

NEW QUESTION 85
A customer enters no IP domain lookup on the Cisco I0S XE gateway to suppress the interpreting of invalid commands as hostnames Which two commands are
needed to restore DNS SRV or A record resolutions? (Choose two.)

A. ip dhcp excluded-address
B. ip dhcp-sip

C. ip dhcp pool

D. transport preferred none
E. ip domain lookup

Answer: DE
NEW QUESTION 90
Users dial a 9 before a 10-digit phone number to make an off-net call All 11 digits are sent to the Cisco Unified Border Element before going out to the PSTN The

PSTN provider accepts only 10 digits. Which configuration is needed on the Cisco Unified Border Element for calls to be successful?

A. voice translation-rule 1 rule 1 /79/ //

B. voice translation-rule 1 rule 1 /9(.......... )1
C. voice translation-rule 1 rule 1 /79.+/ //

D. voice translation-rule 1 rule 1 /79......... /1]
Answer: A

NEW QUESTION 94
An engineer is configuring IP telephony. The network relies on DHCP to provide TFTP server addresses to the endpoints. Policy requires the endpoints to receive
two server addresses. Which DHCP option must be configured?

A. 66

B. 143
C. 150
D. 166

Answer: C

NEW QUESTION 99
A customer asked to integrate Unity Connection with Cisco UCM using SIP protocol. Which two features must be enabled on SIP security profiles? (Choose two.)

A. accept presence subscription

B. allow changing header

C. accept unsolicited notification

D. enable application-level authorization
E. accept replaces header

Answer: CE

NEW QUESTION 101
In which location does an administrator look to determine which subscriber the phone registers to if loses registration with the current Cisco UCM subscriber?

A. On Cisco UCM Administration Page Device > Phone > Phone Configuration page
B. On Cisco UCM Administrator Page server > Cisco UCM

C. On Cisco UCM Administrator page system > Device Pool > Cisco UCM group

D. On Cisco UCM Administrator page system > Enterprise Parameters

Answer: C

NEW QUESTION 102

An engineer must manually provision a Cisco IP Phone 8845 using SIP. Which two fields must be configured for a successful provision? (Choose two.)
A. media resources group list

B. CSS

C. location

D. device security profile

E. SIP profile

Answer: DE

NEW QUESTION 103
What are two characteristics of jitter in voice and video over IP communications? (Choose two.)
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A. The packets arrive with frame errors.

B. The packets arrive at varying time intervals.
C. The packets arrive out of sequence.

D. The packets never arrive due to tail drop.
E. The packets arrive at uniform time intervals.

Answer: BC

NEW QUESTION 104
How many minutes does it take for automatic fallback to occur in a Presence Redundancy Group if the primary node lost a critical service?

A. 5 min

B. 10 min
C. 30 min
D. 60 min

Answer: C

NEW QUESTION 109
Refer to the exhibit.

ROUTER-1(config)# policy-map LLQ_POLICY
ROUTER-1(config-pmap)# class VOICE
ROUTER-1(config-pmap-c)# bandwidth 170
ROUTER-1(config-pmap-c)# exit

ROUTER-1(config-pmap)# class VIDEO
ROUTER-1(config-pmap-c)# bandwidth remaining percent 30
ROUTER-1(config-pmap-c)# exit

ROUTER-1(config-pmap)# exit

1
An engineer must modify the existing QoS policy-map statement to implement LLQ for voice traffic. Which change must the engineer make in the configuration?

A. bandwidth 170 to reserve 170
B. bandwidth 170 to LL1 170

C. bandwidth 170 to priority 170
D. bandwidth 170 to percent 170

Answer: C

NEW QUESTION 113
An administrator executes the debug isdn g931 command while debugging a failed call. After a test call is placed, the logs return a disconnect cause code of 1.
What is the cause of this problem?

A. The media resource is unavailable.

B. The destination number rejects the call.

C. The destination number is busy.

D. The dialed number is not assigned to an endpoint.

Answer: D

NEW QUESTION 117

End users report bad video quality and voice choppiness on Cisco Collaboration endpoints. The engineer changed the device pool the users were in but did not
correct the problem. Which action should be taken to troubleshoot this issue?

A. Use direct IP address calls between two endpoints to troubleshoot call quality issues.

B. Restart the Cisco Location Bandwidth Manager service on the Cisco UCM publisher.

C. Check for duplex/speed mismatches between the network port settings of the system and network switch.

D. Set the service parameter Use Video Bandwidth Pool for Immersive Video Calls to "false".

Answer: D

NEW QUESTION 118
Exhibit.
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admin;utils ntp status
ntpd (pid 14550) is running...

remote refid stt when poll reach delay
offset jitter

*192.168.1.1 17.253.14.125 2u 39 64 3 0456 -0.236
0.116
*192.168.1.2  17.253.14.125 2u 38 64 3 0817 -0695
0.395

Refer the exhibit. A collaboration engineer needs to replace the original, single NTP server that was configured during the inital install of a Cisco UCM server. What
is the first step to accomplish this task?

A. Restart the NTP service on Cisco UCM

B. Delete the original NTP server from Cisco UCM

C. Stop the NTP service on Cisco UCM

D. Enable NTP authentication for the new NTP server on Cisco UCM

Answer: B

NEW QUESTION 122
A customer reports that the Cisco UCM toll-fraud prevention does not work correctly, and the customer is receiving charges for unapproved international calls as a
result. Which two configuration changes resolve the issues? (Choose two.)

A. Mark patterns as off-net or on-net.

B. Modify the Block OffNet to OffNet Transfer service parameter.
C. Disable call forwarding on the phone.

D. Use Cisco Unified Border Element to debug the calls.

E. Make the calls route through a firewall.

Answer: AB

NEW QUESTION 126

Refer to the exhibit.

INVITE sip:1@10.10.10.219;user=phone SIP/2.0

Via: SIP/2.0/TCP 10.10.10.84:50083;branch=z9hG4bK471df613

From: "1234 - My Phone" <sip:1234@10.10.10.219>;tag=381claba7a78002c558eda31-12b8af63
To: <sip:1@10.10.10.219>

Call-ID: 381claba-7a78000d-4cab894a-41dd3e0f@10.10.10.84

Max-Forwards: 70

CSeq: 181 INVITE

Contact: <sip:1234@10.10.10.84:50083;transport=tcp>

Allow: ACK,BYE,CANCEL,INVITE,NOTIFY,OPTIONS,REFER,REGISTER, UPDATE,SUBSCRIBE, INFO
Allow-Events: kpml,dialog

Content-Type: application/sdp

Content-Length: 658

v=0

o=Cisco-SIPUA 26529 @ IN IP4 10.10.10.84

s=SIP Call

b=AS:4064

t=0 9

m=audio 32136 RTP/AVP 114 9 124 113 115 @ 8 116 18
c=IN IP4 10.10.10.84

b=TIAS:64000

a=rtpmap:114 opus/48000/2

a=fmtp:114

maxplaybackrate=16000; sprop-maxcapturerate=16000;maxaveragebitrate=64000;stereo=0;sprop-
stereo=0;usedtx=0

-]

When a UC Administrator is troubleshooting DTMF negotiated by this SIP INVITE, which two messages are examined next to further troubleshoot the issue?
(Choose two.)

A. REGISTER

B. SUBSCRIBE
C. PRACK
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D. NOTIFY
E. UPDATE

Answer: BD

NEW QUESTION 130
Which two recommendations are made to optimize Cisco UCM configuration to reduce the number of toll fraud incidents in an organization? (Choose two.)

A. Classify all route patterns as on-net and prohibit on-net to on-net call transfers in Cisco UCM service parameters.

B. Classify all route patterns as on-net or off-net and prohibit off-net to off-net call transfers in Cisco UCM service parameters.
C. Classify all route patterns as off-net and prohibit off-net to off-net call transfers in Cisco UCM service parameters.

D. Inbound CSS on any gateway typically should have access to internal destinations and PSTN destinations.

E. Inbound CSS on any gateway typically should have access to internal destinations only and not PSTN destinations.

Answer: BE

NEW QUESTION 131

When a call Is delivered to a gateway, the calling and called party number must be adapted to the PSTN service requirements of the trunk group. If a call is
destined locally, the + sign and the explicit country code must be replaced with a national prefix. For the same city or region, the local area code must be replaced
by a local prefix as applicable. Assuming that a Cisco UCM has a SIP trunk to a New York gateway (area code 917). which two combinations of solutions localize
the calling and called party for a New York phone user? (Choose two.)

A Configure two calling party transformation pattemns:
#1917 XXXXXXX, strip pre-dot, numbering type: subscriber
\+1.!, strip pre-dot, numbering type: national

B. Configure the gateway to translate called numbers and apply it to the dial peer. Combine it with a translation profile for calling nu
!
voice translation-rule 1
rule 1 /219171 i
rule 2 /*[+]19171 Il
1

voice translation-profile strip+1

translate called 1
|

L

C. Configure the gateway lo translate the calling number and apply it to the dial peer. Combine it with a translation profile for called nu
I
voice translation-rule 1
rule 1 /19177 11
rule 2 I*[+]19171 1/
|
voice translation-profile strip+1
translate calling 1
!

D. Configure two called party transformation patterns:
1917 XXXXXXX, strip pre-dot, numbering type: subscriber
\+1.], strip pre-dot, numbering type: national

= Configure two calling party transformation patterns:
\+1917.CCCCCC, strip pre-dot, numbering type: subscriber
\+], strip pre-dot, numbering type: national

Answer: BC

NEW QUESTION 135
Refer to the exhibit.
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CLartirng Derectody Narmdegr * '] a0

Endng Dvrectory Number® | 2000

i -
b Adn-regatratod Dasbled on tha Ciaco Undeed Communcatsona Marasger

- Chuco Unilied Communicastions Mansger TCP Par Seilings lor ihis Server

[iherret PRorae Pea® 3 A
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MESCF Keep-nlnve Post® |

adZ0

SIP Phore Porl"? oAl

SIP Phone Secure Port " [gau
SavE Hruet Appdy r:-'_-ﬁf.g

T ——
Which action must an engineer take to implement self-provisioning on a primary communications manager server?

A. Select a different Universal Line Template.

B. Change the SIP Phone Secure Port.

C. Uncheck the auto-registration Disabled checkbox.
D. Select a different Universal Device Template.

Answer: C

NEW QUESTION 138

An administrator needs to help a remote employee make a free call to an international destination. The administrator calls the employee, then conferences in the
international party. The administrator drops the call, and the employee and the international party continue their conversation. Which action prevents this type of
toll fraud in the Cisco UCM?

A. Set service parameter 'Advanced Ad Hoc Conference” to FALSE.

B. Set service parameter "Drop Ad Hoc Conference" to "When Conference Controller leaves."
C. Set service parameter "Advanced Ad Hoc Conference" to 2.

D. Set service parameter "Drop Ad Hoc Conference" to "Do not allow outside parties."

Answer: B

NEW QUESTION 139

What is a reason for using a Diffserv value of AF41 for video traffic?

A. Video traffic cannot tolerate any packet loss and has a latency of 150 miliseconds
B. Video traffic can tolerate up to 10% packet loss and latency of 10 seconds

C. Video trafic can tolerate up to 5% packet loss and latency of 5 seconds

D. Video traffic can tolerate a packet loss of up to 1% and latency of 150 milliseconds
Answer: D

NEW QUESTION 141
Which IP Precedence value is used to classify a call signalling packet?

00w
w h 01O

Answer: D

NEW QUESTION 144

A company has an excessive number of call transfers to local and long-distance PSTN from Cisco Unity Connection voicemail. Which action in the Cisco Unity
Connection restriction table resolves this issue?

A. Block PSTN patterns on Default Transfe

B. Default Outdia

C. and Default System Transfer.

D. Implement password complexity on voicemail boxes to prevent accounts from being compromised.

F. Create a custom restriction table ********x*gnd block it.

Answer: A

NEW QUESTION 146
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Refer to the exhibit.

~SIP Trunk Security Profile Information

Hame" CUP Non Secure SIP Profile
Descriphion

Device Secunty Mode Non Secure

Incoming Transport Typa"® TCR+UDP

Cutgong Transport Type TCP

Enable Digest Authenticabion
Nonce Valdity Time (mins) " 500

Secure Certificate Subject or Subject Alernate Name

Incoming Port®

5060
L

Enable Apphcation level authonzabon
¥ Accept presence subscripbion
< Accept out-of-chalog refer*®

Accept unsohoted nothcatbon

Accept replaces header

Trangmit gecunty status

Allow charging header

m—mey w o ae em alk B - L]

Incoming Port® 5050

Enable Apphcatron level authonzatwon
o AcCeEpt presence Subschplion
¥ Accept out-of-dialog refer® "

Accept unsohioted notfication

Accept replaces haader

Transmit secunty status

Allow charging header
SIP ¥.150 Outbound SOP Offer Fitenng ¥ Use Default Filter

A collaboration engineer is configuring the Cisco UCM IM and Presence Service. Which two steps complete the configuration of the SIP trunk security profile?

(Choose two.)

A. Check the box to enable application-level authorization.
B. Check the box to allow charging header.

C. Check the box to accept unsolicited notification.

D. Check the box to transmit security status.

E. Check the box to accept replaces header.

Answer: CE

NEW QUESTION 149
What is a description of the DiffServ model used for implementing QoS?

A. AF41 has higher drop precedence than AF42. which has higher drop precedence than AF43.
B. Voice and video calls are marked with different DSCP values and placed in different queues.

C. AF43 has higher drop precedence than AF42 but lower drop precedence than AF41.
D. RTP traffic from voice and video calls is marked EF and placed in the same queue.

Answer: A

NEW QUESTION 151
Refer to the exhibit.
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~Dutbound Calls
Called Party Transformation C55 < None >

] use Device Poal Called Party Transformation C55
Calling FParty Transformation CSS < Mone >

B use Device Pool Calling Party Transformation C55

Calling Party Selection® Onginator
Calling Line 1D Presentation® | Default
Calling Name Presentation™® Default

Calling and Connected Party Info Format® | Deliver DN only in connected party

O Redirecting Diversion Header Delivery - Outbound
Redirecting Party Transiormation C5S < None =

.i‘l Use Device Pool Redirecting Party Transformation CS55

Caller Information
Caller 10 DM |

Callar Name

Mamntain Onginal Caller 1D DN and Caller Name in [dentity Headers

] Use Device Pool Calling Party Transformation CS5S

Calling Party Selection® Onginator
Calling Line 1D Presentation® Default
Calling Name Presentation® Default

Calling and Connected Party Info Format® | Deliver DN anly in cannected party

O Redirecting Diversion Header Delivery - Outbound
Redirecting Party Transformation CS5 e None =

Use Device Pool Redirecting Party Transformation CSS5

Caller Information
Caller ID DM

Caller Namea

Maintain Onginal Callar 1D DN and Caller Name in ldentity Headears

Unanswered calls do not reach the voicemail associated with the phones Instead, callers receive the default greeting Which action fixes the configuration?

A. Reboot Cisco Unity Connection.

B. Check the box "Redirecting Diversion Header Delivery - Outbound", then reset the trunk.
C. Check the box 'Redirecting Diversion Header Delivery - Outbound".

D. Review the conversation manager logs on Cisco Unity Connection.

Answer: B

NEW QUESTION 153
Refer to the exhibit.

Region Configuration R
BS!'M xmm %lnuu & AoowConty cila Add Hew
-Region Information
Name® |Dallas-REG
- Region Relationships
- At Codat Pl e Mascimum Audio Bit Maximum Session Bit Rate for
Sanlose-REG Use System Default (Factory Default 24 kbps (AMR-WEB) Use Systermn Default (384 kbps)
low loss)
NOTE: Regions not Use Systeam Default Uge System Default Uge System Default
dizplayed
~Medify Relationship to other Regi
Regions Audio Codec Preferance List HMaximum Audio Bit Rate :
Austsn-REG
Dallas-REG
Drefault
Sanloze-REG
Keep Current Setting ] @ C
|Keep Current Setting -] 5.
I-I u
Which codec should an engineer select for a call made between "Dallas-REG' & "Austin-REG'?
A. MP4A-LATM
B.G.711
C. OPUS
D. G.729
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Answer: D

Explanation:
The codec preference list for the "Dallas-REG" region is "Factory Default low loss". This list includes the following codecs in order of preference:

> G.729
> G.711
> OPUS

> MP4A-LATM
The codec preference list for the "Austin-REG" region is "Factory Default low loss". This list includes the following codecs in order of preference:

> G.729
> G.711
> OPUS

> MP4A-LATM

Since both regions have the same codec preference list, the codec that will be used for a call made between "Dallas-REG" and "Austin-REG" is G.729.

G.729 is a narrowband speech codec that was developed by the ITU-T in 1988. It is a low-bitrate codec that provides good quality speech at a bitrate of 8 kbps.
G.729 is widely used in VolIP applications and is the default codec for many VoIP systems.

G.711 is a wideband speech codec that was developed by the ITU-T in 1972. It is a high-bitrate codec that provides excellent quality speech at a bitrate of 64
kbps. G.711 is not as widely used as G.729 due to its high bitrate requirements.

OPUS is a lossy audio codec that was developed by the IETF in 2012. It is a low-bitrate codec that provides good quality speech at a bitrate of 6 kbps. OPUS is
widely used in VoIP applications and is the default codec for many VolP systems.

MP4A-LATM is a lossy audio codec that was developed by the IETF in 1999. It is a high-bitrate codec that provides excellent quality speech at a bitrate of 24 kbps.
MP4A-LATM is not as widely used as G.729 or OPUS due to its high bitrate requirements.

NEW QUESTION 157
An engineer must enable onboarding of on-premises devices by using activation to a Cisco UCM server The engineer activated the CISCO Device Activation
Service and set the default registration method to use the codes. Which action completes the configuration?

A. Set Enable Activation Code enterprise parameter to True

B. Manually provision new phones that have an activation code requirement
C. Create a Bulk Administration Tool provisioning template.

D. Generate 16-digit codes by using the Bilk Administration Tool

Answer: A

Explanation:

The engineer must set the Enable Activation Code enterprise parameter to True. This will enable the use of activation codes for onboarding on-premises devices
to a Cisco UCM server. The other options are not necessary to complete the configuration.

Here are the steps to complete the configuration:

> Log in to the Cisco Unified Communications Manager (CUCM) Administration interface.
> Go to System > Enterprise Parameters.
> Set the Enable Activation Code enterprise parameter to True.

> Click Save.
The activation code onboarding feature is now enabled. You can use it to onboard new phones to the CUCM server.

NEW QUESTION 158
Which two steps should be taken to provision a phone after the Self-Provisioning feature was configured for end users? (Choose two.)

A. Ask the Cisco UCM administrator to associate the phone to an end user.

B. Plug the phone into the network.

C. Dial the hunt pilot extension and associate the phone to an end user

D. Dial the self-provisioning IVR extension and associate the phone to an end user.
E. Enter settings menu on the phone and press * ,*# (star, star, pound).

Answer: BD

NEW QUESTION 161
What is the purpose of a hybrid Local Gateway?

A. to handle calls between Webex Calling and Cisco Calling Plans

B. to handle calls between Webex Calling and Cloud Connected PSTN

C. to handle calls between Cisco IJCM and Webex Calling

D. to handle calls between the Public Switched Telephone Network and Webex Calling

Answer: D
Explanation:
A hybrid local gateway handles calls between the Public Switched Telephone Network (PSTN) and Webex Calling. It is commonly deployed on the customer's

premises but can also be hosted by a partner. The local gateway registers with Webex Calling and handles all calls between the PSTN and Webex Calling. It gives
customers the flexibility to bring their own service provider or continue using their existing provider for a smooth and effective transition to the cloud.

NEW QUESTION 163
Refer to the exhibit.
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Inside firew all
(Intranet)

Collaboration
Services

DMZ

Qutside firewall
(public Internet)

Internet

Expressway-E

Expressway-C

/ L

On-premise endpoint Media

Mobile
endpoint

When making a call to a Mobile and Remote Access client, what are the combinations of protocol on each of the different sections A-B-C?

A. 1P TCP/TLS (A) + SIP TCP/TLS (B) + SIP TLS (C)

B. SIP TCP/TLS (A) + SIP TCP/TLS (B) + SIP TCP/TLS (C)
C. SIP TLS (A) + SIP TLS (B) + SIP TLS (C)

D. SIP TCP/TLS (A) + SIP TLS (B) + SIP TLS (C)

Answer: D

NEW QUESTION 165

The IP phones al a customer site do not pick an IP address from the DHCP An engineer must temporarily disable LLDP on all ports of the switch to leave only

CDP. Which two commands accomplish this task? (Choose two.)

A. Switch# copy running-config startup-config

B. Switch(config)# no lidp run

C. Switch# configure terminal

D. Switch(conlicj)# interface GigabitEthernet1/0/1
E. Switch(config># no lldp transmit

Answer: BC

NEW QUESTION 169

Which value should be changed when each Cisco UCM node does not allow for more than 5000 phones to be registered?
A. Maximum Number of Registered and Unregistered Devices service parameter on each node

B. Minimum Number of Phones service parameter on each node

C. Maximum Number of Registered Devices service parameter on each node

D. Maximum Number of Phones service parameter on the Publisher

Answer: C

NEW QUESTION 171

An administrator installed a Cisco Unified IP 8831 Conference Phone that is failing to register. Which two actions should be taken to troubleshoot the problem?

(Choose two.)

A. Verify that the switch port of the phone is enabled.

B. Verify that the RJ-11 cable is plugged into the PC port.

C. Disable HSRP on the access layer switch.

D. Check the RJ-65 cable.

E. Verify that the phone's network can access the option 150 server.

Answer: AE

NEW QUESTION 174
Refer to exhibit.
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A company recently deployed CISCO Jabber Users log in to Jabber by using their email address in a domain named company com. The users report that they
cannot register their telephony services when working from unless they use a VPN. An engineer runs DNS lookup tool in Cisco Expressway-C to troubleshoot tie

What IS me cause of the issue?

A. The company com domain must be resolved only in Expressway-E
B. There is a missing SRV record for the company.com domain.

C. The TTL value for the company.com is too short.

D. There must be only response for the company.com domain

Answer: B

NEW QUESTION 179
Refer to the exhibit.

~Status
@ Add successiul

~-DHCP Server Information

Host Server® [192.168.10.240

Primary DNS 1Pv4 Address |192_153.9‘9.h

Secondary DNS 1Pv4 Address i
Primary TFTP Server IPv4 Address(Option 150) | 192,168.10.244
Secondary TFTP Server IPv4 Address(Option 150) E
Bootstrap Server 1Pv4 Address |

<)

-

| | |
i |
U ) SN WE—— L V. ) S S ) S—_— ) S—-— ) s——

Domain Name I

TFTP Server Name(Option 66) |

ARP Cache Timeout{sec)"* (E‘

IP Address Lease Time(sec)* [:i_-:" §
Renewal(T1) Time(sec)® [1:

Rebinding(T2) Time(sec)* [ I e — _J

| save | | Delete | | Copy | | Add New |

A collaboration engineer configures Cisco UCM to act as a DHCP server. What must be done next to configure the DHCP server?

A. Restart the Cisco DHCP Monitor Service under Cisco Unified Serviceability
B. Add the new DHCP server to the primary DNS server

C. Restart the TFTP service under Cisco Unified Serviceability.

D. Add a DHCP subnet to the DHCP server under Cisco UCM Administration.

Answer: D

NEW QUESTION 181

An engineer is deploying Webex app on Microsoft Windows computers. The engineer wants to ensure that the end users do not receive pop-1Q dialogues %'hen

they start the application 'Much two actions ensure the end users are not promted to accept the end-user license (Choose two )

A. Set the DELETEUSERDATA-=r installation argument
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B. Set the "HKEY_LOCAL_MACHINE,.Software'«WOW6432Node .CiscoCollabHost -Eula_disable
C. Set the "HKEY_LCX"M._MACHINE .SoftwareCiscoCollabHo$t€ula Setting registry Eula_disable
D. Set the DEFAULTNMTHEMESs-Dark™ installation argument

E. Set the "/quiet installation argument

Answer: BC

Explanation:

The correct answers are B and C.

To ensure that end users are not prompted to accept the end-user license agreement (EULA) when they start the Webex app, the engineer must set the following
two registry keys:

> HKEY_LOCAL_MACHINE\Software\WOW®6432Node\CiscoCollabHost\Eula_disable

> HKEY_LOCAL_MACHINE\Software\CiscoCollabHost\Eula Setting\Eula_disable
Setting these registry keys will disable the EULA prompt for all users who start the Webex app.
The other options are not valid actions to ensure that end users are not prompted to accept the EULA.

NEW QUESTION 186
Which call flow matches traffic from a Mobile and Remote Access registered endpoint to central call control?

A. Endpoint>Expressway-C>Expressway-E>Cisco UCM
B. Endpoint>Expressway-E>Expressway-C> Cisco UCM
C. Endpoint>Expressway-E> Cisco UCM
D. Endpoint>Expressway-C> Cisco UCM

Answer: A

Explanation:
The call flow for a Mobile and Remote Access registered endpoint to central call control is as follows:

> The endpoint registers with the Expressway-C.
> The Expressway-C forwards the registration request to the Expressway-E.
> The Expressway-E forwards the registration request to the Cisco UCM.

> The Cisco UCM registers the endpoint.
When the endpoint places a call, the call flow is as follows:

> The endpoint sends the call request to the Expressway-C.
> The Expressway-C forwards the call request to the Expressway-E.
> The Expressway-E forwards the call request to the Cisco UCM.

> The Cisco UCM places the call.
The Expressway-C and Expressway-E are used to provide secure access to the Cisco UCM for endpoints that are not located on the corporate network. The
Expressway-C is located on the corporate network, and the Expressway-E is located in the DMZ.

NEW QUESTION 188
An engineer configures a Cisco Unified Border Element and must ensure that the codecs negotiated meet the ITSP requirements. The ITSP supports G.7llulaw
and G.729 for audio and H.264 for video. The preferred voice codec is G.711. Which configuration meets this requirement?
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voice class codec 10
codec preference 1 g729r8
codec preference 2 g/llulaw

video codec hZb64

dial-peer voice 101 voip
session protocol sipv2
destination elbd-pattern-map 1

voice-class codec 10

voice class codec 10

codec preference 1 g7llulaw
codec preference 2 g729r8
video codec h264

dial-peer voice 101 voip
session protocol sipv2
destination elbi-pattern-map 1

voice-class codec 100

D.
voice class codec 10

codec preference 1 g7llulaw
codec preference 2 g729r8
video codec h264

dial-peer voice 101 voip
session protocol sipv2
destination elé6d-pattern-map 1

voice-class codec 10

Answer: D

NEW QUESTION 190
What is required when deploying co-resident VMs by using Cisco UCM?

A. Provide a guaranteed bandwidth of 10 Mbps.

B. Deploy the VMs to a server running Cisco UCM.
C. Avoid hardware oversubscription.

D. Ensure that applications will perform QoS.

Answer: C

Explanation:

When deploying co-resident VMs by using Cisco UCM, it is important to avoid hardware oversubscription. This means that you should not assign more resources
to the VMs than the physical hardware can provide. For example, if you have a server with 16 CPU cores, you should not assign more than 16 CPU cores to the
VMs.

If you oversubscribe the hardware, the VMs will not be able to get the resources they need to run properly. This can lead to performance problems and even
outages.

To avoid hardware oversubscription, you should carefully plan your VM deployments. You should also monitor the performance of the VMs to make sure that they
are not overusing the resources.

Here are some additional tips for deploying co-resident VMs by using Cisco UCM: = Use a virtualization platform that supports Cisco UCM.

> Make sure that the VMs have the correct operating system and software installed.
> Configure the VMs to use the correct network settings.
> Monitor the performance of the VMs to make sure that they are running properly.
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NEW QUESTION 195
Which call routing pattern is used for phone numbers that are in the E.164 format?

A. /+.! Route Pattern

B. \+.! Route pattern

C. \+.! Translation Pattern

D. \+1.[2-9]XX[2-9]XXXXXXX called Party Transformation Pattern

Answer: B

NEW QUESTION 199
Refer to the exhibit.

| voice translation-rule 1
rule 1 /~[2-9]......8/ /\0/ type any subscriber

| rule 2 /*1[2-9]..[2-9]......8/ /\O/ type any subscriber

What is the result of applying these two rules to a voice translation profile for use with an ISDN T1 PRI on a Cisco Voice Gateway?

A. The leading Plus is stripped from the numeric phone number.
B. The ISDN Plan is modified to the administrator's defined value.
C. Any zero is stripped from the numeric phone number.

D. The ISDN Type is modified to the administrator's defined value.

Answer: D

NEW QUESTION 201
An engineer is deploying the Webex app on a Microsoft Windows computer that has multiple user accounts. Which CLI argument allows the engineer to Install the
application as a "per machine" Installation?

A. ACCEPT_EULA

B. INSTALL ROOT

C. ALLUSERS

D. FORCELOCKDOVN

Answer: C

Explanation:

The ALLUSERS property is a command-line argument that can be used to install the Webex app as a "per machine" installation. This means that the app will be
installed for all users on the computer, regardless of which user account is currently logged in.

The ACCEPT_EULA property is a command-line argument that can be used to accept the end-user license agreement (EULA) for the Webex app. The
INSTALL_ROOT property is a command-line argument that can be used to specify the installation directory for the Webex app. The FORCELOCKDOWN property
is a command-line argument that can be used to prevent users from uninstalling the Webex app.

NEW QUESTION 204
Users want their mobile phones to be able to access their cisco unity connection mailboxes with only having to enter their voicemail pin at the login prompt calling
pilot number where should an engineer configure this feature?

A. transfer rules

B. message settings
C. alternate extensions
D. greetings

Answer: C

NEW QUESTION 208
A collaboration engineer is configuring the QoS trust boundary for Cisco UCM voice and video conferencing. Which two trust boundary configurations are valid?
(choose two)

A. QoS trust boundaries include all the devices directly attached to the access switch ports

B. QoS trust boundaries can be extended to Jabber running on a PC

C. QoS trust boundaries exclude Jabber softphone running on a PC

D. QoS trust boundaries can be extended to voice and video devices if the connected PCs are included
E. QoS trust boundaries can be extended to voice and video devices exclusively

Answer: CD

NEW QUESTION 213

Which two steps are required for bulk configuration transactions on the Cisco UCM database utilizing BAT? (Choose two.)
A. A data file in Abstract Syntax Notation One format must be uploaded to Cisco UCM

B. A server template must be created in Cisco UCM

C. A data file in comma-separated values format must be uploaded to Cisco UCM
D. A data file in Extensible Markup Language format must be uploaded to Cisco UCM
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E. A device template must be created in Cisco UCM

Answer: CE

NEW QUESTION 217
Which service on the Presence Server is responsible for maintaining the point-to-point chat connections between Jabber clients?

A. Cisco SIP Proxy

B. Cisco XCP Text Conference Manager
C. Cisco XCP Router

D. Cisco XCP XMPP Federation Manager

Answer: B

NEW QUESTION 220
An administrator installs a new Cisco TelePresence video endpoint and receives this error:"AOR is not permitted by Allow/Deny list. Which action should be taken
to resolve this problem?

A. Reboot the VCS server and attempt reregistration.
B. Change the SIP trunk configuration.

C. Correct the restriction policy settings.

D. Upload a new policy in VCS.

Answer: C

Explanation:
The error message "AOR is not permitted by Allow/Deny list" indicates that the endpoint is not allowed to register with the VCS server because it is not on the
Allow List or it is on the Deny List. To resolve this problem, you must correct the restriction policy settings.

NEW QUESTION 222
An engineer must configure switch port 5/1 to send CDP packets to configure an attached Cisco IP phone to trust tagged traffic on it's access port. Which
command is required to complete the configuration?

Routerf configure terminal

Router(config)# interface gigabitethernet 5/1
Fouter config-ifj# description Cube E41.228-0097

A. platform gos trust extend cos 3
B. platform qos trust extend
C. platform qos extend trust
D. platform qos trust extend cos 5

Answer: B

NEW QUESTION 224
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