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300-815 Exam Questions (Updated 2024) 100% Real Question Answers

Q34. An administrator wants to use the Call Queuemg feature on Cisco UCM to allow new customers to wait in the queue while

other agents are not available to take their call. Which configuration step enables this feature?

*  Call Routing > Route/Hunt > Call Park

*  Call Routing > Route/Hunt > Hunt Pilot

*  Call Routing > Route/Hunt > Line Group

*  Call Routing > Route/Hunt > Hunt List

Q35. Which two types of distribution algorithm are within a line group? (Choose two.)

*  random

*  circular

*  highest preference

*  top down

*  bottom up

https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucm/admin/9_0_1/ccmcfg/CUCM_BK_C DF59AFB_00_admin-guide-90/

CUCM_BK_CDF59AFB_00_admin-guide_chapter_0100011.html

Q36. Drag and drop the steps from the left into the order to provision mobility users through LDAP on the right. Not all options are
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used.

 

 

 

Q37. An engineer must configure a secure SIP trunk with a remote provider, with a specific requirement to use port

5065 for inbound and otubound traffic. Which two items must be configured to complete this configuration?

(Choose two.)

*  Incoming Port in SIP Information section of the SIP Trunk configuration.

*  Incoming Port in Security Information of the SIP Profile configuration.

*  Destination Port in SIP Information section of the SIP Trunk configuration

*  Incoming Port in SIP Trunk Security Profile configuration

*  Destination Port in SIP Trunk Security Profile configuration

Q38. An engineer is configuring a call park feature in Cisco Unified Communications Manager Express. Which command does the

engineer use to ensure that the call is reverted to the user after 60 seconds?

*  R2(config-ephone-dn)#park reservation-group 60

*  R2(config-ephone-dn)#park-slot timeout 60 limit 2 recall alternate 3002

*  R2(config-ephone-dn)#park reservation-group 1

*  R2(config-ephone-dn)#park-slot timeout 30 limit 2 recall alternate 3002

Q39. Refer to the exhibit. An engineer is troubleshooting an issue where inbound Calls are failing after they transferred. The
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provider reports that update is not supported, and this is causing the calls to fail. Which command should resolve this issue?

 

 

*  no midcall-signaling passthru

*  no update-callerId

*  no contact-passig

*  rel1xx require &#8220;100rel&#8221;

The exhibit shows a SIP message from a caller named &#8220;Amy&#8221; to a caller named &#8220;Bob&#8221;. The message

contains an &#8220;UPDATE&#8221; request, which is used to modify the caller ID of an existing call.

However, the provider does not support the UPDATE message, so the call is failing.

The no update-callerId command will disable the sending of UPDATE messages. This will resolve the issue, as the call will no

longer be failing due to the unsupported message.

Q40. Refer to the exhibit.
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Refer to the exhibit. Calls from users to the PSTN in an organization get disconnected with a 408 Request Timeout when the called

party is unavailable to pick up the call. Which solution must be used to resolve this challenge?

*  Configure midcall-signaling preserve-codec.

*  Choose &#8220;Send PRACK&#8221; if 1xx contains SDP in the SIP profile.

*  Configure midcall-signaling passthru media-change

*  Choose &#8220;Send PRACK for all 1xx Messages&#8221; in the SIP profile.

Q41. Which two configuration parameters are prerequisites to set Native Call Queuing on Cisco Unified Communications Manager?

(Choose two.)

*  Cisco IP Voice Media Streaming Service must be activated on at least one node in the cluster.

*  A unicast music on hold audio source must be configured.

*  Cisco RIS data collector service must be running on the same server as the Cisco CallManager service.

*  The maximum number of callers allowed in queue must be 10.

*  The phone button template must have the Queue Status Softkey configured.

Reference:

https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucm/admin/12_0_1/systemConfig/

cucm_b_system-configuration-guide-1201/cucm_b_system-configuration-guide-

1201_chapter_01001101.html#CUCM_RF_C960BC9A_00

Q42. A user reports when they press the services key they do not receive a user ID and password prompt to assign the phone

extension. Which action resolves the issue?

*  Create the default device profiles for all phone models that are used.

*  Subscribe the phone to the Cisco Extension Mobility service.

*  Create the end user and associate it to the device profile.

*  Assign the extension as a mobile extension.

Q43. 
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Refer to the exhibit. An administrator is troubleshooting why users are not hearing audio when dialing long distance numbers across

their Cisco Unified Border Element. The customer&#8217;s carrier has a requirement that dialing long distance requires an access

code to be entered. Looking at the exhibit, what two actions can be taken to correct signaling? (Choose two.)

*  Enanle PRACK.

*  Enable Early Offer on the Cisco Unified Border Element.

*  Enable the supplementary-service media-renegotiate command.

*  Enable Media Flow Around

*  Enable Mid-Call Signaling Consumption.

Section: Cisco Unified Border Element

Q44. What is first preference condition matched in a SIP-enabled incoming dial peer?

*  incoming uri

*  target carrier-id

*  answer-address

*  incoming called-number

Section: Signaling and Media Protocols

Explanation/Reference: https://www.cisco.com/c/en/us/support/docs/voice/ip-telephony-voice-over-ip-voip/211306-In-

Depth-Explanation-of-Cisco-IOS-and-IO.html#anc8

Q45. Which two configuration parameters are prerequisites to set Native Call Queuing on Cisco Unified Communications Manager?

(Choose two.)

*  Cisco IP Voice Media Streaming Service must be activated on at least one node in the cluster.

*  A unicast music on hold audio source must be configured.

*  Cisco RIS data collector service must be running on the same server as the Cisco CallManager service.

*  The maximum number of callers allowed in queue must be 10.

*  The phone button template must have the Queue Status Softkey configured.

Q46. Calls are not working when sent from a Cisco Unified Border Element to a service provider. After investigating the logs, the

engineer notes that the Cisco Unified Border Element is sending the extension only. How is the issue addressed in the configuration?

*  voice class request sip-header diversion

*  sip-header contact modify

*  voice class request sip-header modify

*  request invite sip-header diversion modify

Q47. Refer to the exhibit.

 

 

Which INVITE is sent to 10.10.100.123 as a result of this log?
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A)

 

 

B)

 

 

C)
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*  Option A

*  Option B

*  Option C

*  Option D

Q48. Where on Cisco Unified Communications Manager do you configure the standard local route group for a group of devices?

*  System > Location Info

*  Call Routing > Route/Hunt > Local Route Group Names

*  System > Device Pool

*  Call Routing > Emergency Location > Emergency Location (ELIN) Groups

Section: Call Control and Dial Planning

Explanation/Reference: https://www.uccollabing.com/configuring-standard-local-route-group-cucm/

Q49. In Cisco Unified Communications Manager, which tool do you use to check SIP traces?

*  MTP

*  CCSIP

*  RTMT

*  OS Administration Page

Q50. What is a function of the metadata carried in SIP sessions between the recording client and the recording server?

*  It forks RTP media to the recorder.

*  It provides advanced capabilities, such as speech analytics.

*  It sets up a new SIP session

*  It identifies the participant change due to transfers during the call.

Q51. Refer to the exhibit.
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Refer to the exhibit. Users report that outgoing calls do not work on the new SIP trunk for outgoing calls. The solution consists of a

Cisco UCM Cluster linked to a Cisco Unified Border Element where the SIP trunk is terminated. The provider required 10 digits.

The logs show a line going toward the Cisco Unified Border Element. Which code snippet must be added to the configuration to

meet the requirement?

*  request Invite sip-header modify &#8220;<sip:1(&#8230;)@&#8221; &#8220;<sip:91355511@&#8221; under the SIP

translation profile configuration

*  sip-header modify &#8220;<sip:1(&#8230;)@&#8221; &#8220;<sip:91355511@&#8221; under the voice translation profile

configuration

*  request Invite sip-header Diversion modify &#8220;<sip:1(&#8230;)@&#8221; &#8220;<sip:91355511@&#8221; under the SIP

profile configuration

*  request Invite sip-header modify &#8220;<sip:1(&#8230;)@&#8221; &#8220;<sip:91355511@&#8221; under the voice

translation profile configuration

Q52. Refer to the exhibit. A call made through the Cisco Unified Border Element to pilot 2000 is failing.

What is causing the call to fail?

 

 

*  The Cisco Unified Border Element is not receiving a response to its OPTION keepalives.

*  The destination pattern is incorrect for the dialed number.

*  VAD was not disabled on the outgoing dial peer.

*  No codecs are configured on the dial peers.

Cisco 300-815 Dumps - The Sure Way To Pass Exam [Q34-Q56] |  Page 8/10  |

https://blog.topexamcollection.com/?p=1716
https://blog.topexamcollection.com/?p=1716


This page was exported from - Top Exam Collection 
Export date: Sun Feb 23 11:40:23 2025 / +0000  GMT

Q53. Refer to the exhibit.

 

 

Refer to the exhibit. An engineer deploys CAC to Cisco UCM. UptofiveG.711 calls must be supported on the WAN link between

Site A and Site B. Users report that only four concurrent calls are possible between Site A and Site B. Why isn&#8217;t the filth

concurrent call successful?

*  The G.729 audio codec is negotiated between Site A and B instead of the G.711 codec.

*  The QoS configuration on the WAN link causes the fifth call to be dropped.

*  Cisco UCM is using alternative links because of the Weight value.

*  The Audio Bandwidth value is undersized and must be set to 400 kbps.

Q54. Which two types of authentication are supported for the configuration of Intercluster Lookup Service? (Choose two.)

*  TokenID

*  username and secret key

*  TLS certificates

*  passwords

*  FQDN of the servers defined in DNS

Q55. Refer to the exhibit. An administrator has configured a SIP trunk between two Cisco UCM clusters. For calls that should use

the trunk, the calls fail with a fast busy. The administrator checks the Cisco CallManager SDL traces and found that the cluster to

which the calling device is registered never sends an INVITE to the destination cluster. The administrator also verifies that all nodes

from both clusters are powered on, and the CallManager service is running.

How is this issue resolved?
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*  The administrator must associate the route pattern with a calling search space the device can dial.

*  The administrator needs to enable OPTIONS pings on the SIP trunks for both clusters.

*  The administrator must allow connectivity so that TCP connections do not fail between the nodes.

*  The administrator needs to disable OPTIONS pings on the SIP trunks for both clusters.

Q56. How does an engineer globalize routing for ingress calls coming from the PSTN to internal DNs?

*  At the PSTN gateway, put the calling number in PSTN format and the called number in DN format.

*  At Cisco Unified CM, put the calling number in E.164 format and the called number in PSTN format.

*  At the PSTN gateway, put the calling number in E.164 format and the called number in localized (DN) format.

*  At Cisco Unified Communications Manager, put the calling number in E.164 format and the called number in E.164 format.
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