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NEW QUESTION 1
What is the element of Cisco Collaboration infrastructure that allows Jabber clients outside of the network to register in Cisco Unified Communications Manager
and use its resources?

A. Cisco IM and Presence node

B. Cisco Unified Border Element

C. Cisco Expressway

D. Cisco Prime Collaboration Provisioning server

Answer: C

NEW QUESTION 2
An engineer with troubleshoots poor voice quality on multiple calls. After looking at packet captures, the engineer notices high levels of jitter. Which two areas does
the engineer check to prevent jitter? (Choose two.)

A. The network meets bandwidth requirements.

B. MTP is enabled on the SIP trunk to Cisco Unified Border Element.
C. Cisco UBE manages voice traffic, not data traffic.

D. All devices use wired connections instead of wireless connections.
E. Voice packets are classified and marked.

Answer: AE

Explanation:
Reference: https://www.cisco.com/c/en/us/support/docs/voice/voice-quality/20371-troubleshoot-qos-voice.html

NEW QUESTION 3
What is a characteristic of video traffic that governs QoS requirements for video?

A. Video is typically variable bit rate.
B. Voice and video traffic are different, but they have the same QoS requirements.
C. Video is typically constant bit rate.
D. Voice and video traffic are the same, so they have the same QoS requirements.

Answer: B

Explanation:
Reference: https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucm/srnd/collabl1/collabll/cac.html

NEW QUESTION 4
An engineer encounters third-party devices that do not support Cisco Discovery Protocol. What must be configured on the network to allow device discovery?

A. LACP
B. TFTP
C. LLDP
D. SNMP

Answer: C

NEW QUESTION 5
Which command in the MGCP gateway configuration defines the secondary Cisco Unified Communications Manager server?

A. mgcapp

B. ccm-manager fallback-mgcp
C. mgcp call-agent

D. ccm-manager redundant-host

Answer: B
NEW QUESTION 6
Refer to the exhibit.

You deploy Mobile and Remote Access for Jabber and discover that Jabber for Windows does no register to Cisco Unified Communication Manager while outside
of the office. What is a cause of this issue?

A. Server 4.2.2.2 is not a valid DNS server.

B. The DNS record should be created for _cisco-uds._tcp.example.com.

C. The DNS record should be changed from _collab-edge._tcp.example.com to _collab-edge _tls.example.com.
D. The DNS record type should be changed from SRV to A.

Answer: C
Explanation:

Reference: https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/jabber/Windows/9 7/CJAB_BK_ C606D8A9 00 cisco-jabber-dns-configuration-
guide/CJAB_BK_C606D8A9_00_cisco-jabber-dns-configuration-guide_chapter_010.htm|
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NEW QUESTION 7
Refer to the exhibit.

Endpoint A calls endpoint B. What is the only audio codec that can be used for the call?

A. Telephone-event/8000
B. G7221/16000

C. PCMA/8000

D. G722/8000

Answer: B

NEW QUESTION 8
An administrator recently upgraded a Cisco Webex DX80 through its web interface but discovered the next morning that the unit has received to its previous
version. What must the administrator do to prevent this from happening again?

A. Assign a phone security profile with secure SIP.

B. Set the prepare cluster for rollback to pre-8-0 enterprise parameter to true.
C. Confirm the phone load name in the phone configuration.

D. Assign a universal device template to the phone.

Answer: C

NEW QUESTION 9
What causes poor voice quality and video pixelization in a video call?

A. The QoS is configured incorrectly.

B. A firewall is blocking the RTP ports.

C. Cisco Unified Communications Manager is configured to use G.711 instead of G.729.
D. 1 Gbps network ports are used instead of 100 Mbps network ports.

Answer: A

NEW QUESTION 10

How can an engineer determine location-based CAC bandwidth requirements for Cisco Unified Communications Manager?
A. Set the requirements in the service parameters.

B. Add the requirements for each audio and video codec and how many calls must be supported.

C. Execute the Resource Reservation Protocol to return location-based requirements.
D. Calculate the number of calls against the license for Cisco Unified Border Element to determine calls per location.
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Answer: A

NEW QUESTION 10
Which action is required if an engineer wants to have Cisco Unified Communications Manager control the configuration for an MGCP gateway?

A. Apply the ccm-manager configuration commands to the gateway.

B. Upload the custom configuration in the TFTP server in Cisco Unified CM.

C. From Cisco Unified CM > Device > Gateway > Add gateway, check the auto-configuration check box.
D. Configure the Cisco Unified CM's IP in voice service VoIP.

Answer: C

NEW QUESTION 13
Which protocols does Cisco IM and Presence use to authenticate Jabber?

A. XMPP
B. SOAP
C.TCP
D. LDAP
E. QBE

Answer: AB

NEW QUESTION 15
How many DNS SRV entries can be defined in the SIP trunk destination address field in Cisco Unified Communications Manager?

OO w>»
NG
o

Answer: C

Explanation:
Reference: https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucm/admin/11l_5 1/sysConfig/CUCM_BK_ SE5DAF88 00 _cucm-system-configuration-
guide-1151/CUCM_BK_SE5DAF88_00_cucm-system-configuration- guide1151 chapter_01110.html

NEW QUESTION 18
Which recommendation is the best practice for marking video and voice media in a Cisco Unified Communications network?

A. Voice Cos 5 (IP Precedence 6, PHB AF41, or DSCP 16)Video Cos 4 (IP Precedence 5, PHB EF, or DSCP 32)
B. Voice Cos 6 (IP Precedence 4, PHB AF41, or DSCP 24)Video Cos 5 (IP Precedence 4, PHB EF, or DSCP 34)
C. Voice Cos 5 (IP Precedence 2, PHB EF, or DSCP 48) Video Cos 4 (IP Precedence 4, PHB AF41, or DSCP 46)
D. Voice Cos 5 (IP Precedence 5, PHB EF, or DSCP 46) Video Cos 4 (IP Precedence 4, PHB AF41, or DSCP 34)

Answer: D

Explanation:

Reference: https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucm/srnd/collab10/collab10/netstruc.html
NEW QUESTION 20

What is a valid class included in the 8-Class QoS Strategy in a VolP network?

A. Assured Forwarding

B. Broadcast Video

C. Multimedia Conferencing

D. Real-Time Interactive

Answer: C

Explanation:

Reference: https://www.ciscopress.com/articles/article.asp?p=2756478&seqNum=8

NEW QUESTION 25

Refer to the exhibit.

A call is failing to establish between two SIP Devices The called device answers with this SOP. Which SDP parameter causes this issue?
A. The payload for G.711ulaw must be 18.

B. The calling device did not offer a ptime value.

C. The media stream is set to sendonly.

D. The RTP portis set to 0.

Answer: D
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NEW QUESTION 30
An engineer with ID012345678 must build an international dial plan in Cisco Unified Communications Manager. Which action should be taken when building a
variable-length route pattern?

A. reduce the T302 timer to less than 4 seconds

B. configure single route pattern for international calls

C. create a second route pattern followed by the # wildcard
D. set up all international route patterns to O.!

Answer: A

NEW QUESTION 35
Refer to the exhibit

The SDP offer/answer has been completed successfully but there is no DTMF when users press keys. What is the cause of the issue?

A. DTMF was negotiated properly in these messages.

B. G.729 rather than G.711ulaw was negotiated.

C. Payload type 110 was negotiated rather than type 101.
D. DTMF was not negotiated on the call.

Answer: D

NEW QUESTION 37
How are E.164 called-party numbers normalized on a globalized call-routing environment in Cisco Unified Communications Manager?

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

B. Normalization is achieved by setting up calling search spaces and patrtitions at the SIP trunks for PSTN connection.
C. Call ingress must be normalized before the call being routed.

D. Normalization is not required.

Answer: A

NEW QUESTION 42
Which two functionalities does Cisco Expressway provide in the Cisco Collaboration architecture? (Choose two.)

A. Survivable Remote Site Telephony functionality

B. customer interaction management services

C. secure firewall and NAT traversal for mobile or remote Cisco Jabber and TelePresence Video endpoints
D. MGCP gateway registration

E. Secure business-to-business communications

Answer: CE

NEW QUESTION 44
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 voice 1 voip translation- profile outgoing Strip9 max-conn 5 destination-pattern 91[2-9]..[2-9]...... $session protocol sipv2 session target ipv4:142.45.10.1
dtmf-relay rtp-nte sip- notify sip-kpml

B. dial-peer voice 1 voip translation-profile outgoing Strip9 max- conn 5destination-pattern 91[2-9]..[2-9]...... $ session protocol sipv2 session target ipv4:142.45.10.1
dtmf-relay rtp- nte sip-notify sip-kpml codec ilbc mode 20
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C. dial-peer voice 1 voip translation- profile outgoing Strip9 max-conn 5 destination-pattern 91[2-9]..[2-9]...... $ session protocol sipv2 session target ipv4:142.45.10.1
dtmf-relay rtp- nte sip-notify sip-kpml codec aacld

D. dial-peer voice 1 voip translation- profile outgoing Strip9 max-conn 5 destination-pattern 91[2-9]..[2-9]...... $ session protocol sipv2 session target ipv4:142.45.10.1
dtmf-relay rtp- nte sip-notify sip-kpml codec mp4a- latm

Answer: B

NEW QUESTION 48
Which access control group is required on an end user to allow Jabber to do deskphone mode?

A. Allow Control of Device from CTI

B. Standard CTI Enabled

C. Standard CTI Allow Reception of SRTP Key Material
D. Standard CTI Secure Connection

Answer: B

NEW QUESTION 53
Which transport protocol does the application layer protocol SNMP use?

A. XML
B. UDP
C. SIP
D. HTTP

Answer: B

Explanation:
Reference: https://www.geeksforgeeks.org/simple-network-management-protocol-snmp/

NEW QUESTION 56
Which two functions are provided by Cisco Expressway Series? (Choose two.)

A. interworking of SIP and H.323
B. endpoint registration

C. intercluster extension mobility
D. voice and video transcoding
E. voice and video conference

Answer: AD

Explanation:
Reference: https://www.cisco.com/c/dam/en/us/td/docs/voice_ip_comm/expressway/config_guide/X8-11/Cisco-Meeting-Server-2-4-with-Cisco-Expressway-
Deployment-Guide_X8-11-4.pdf

NEW QUESTION 57
Which statement about Cisco Unified Communications Manager and Cisco IM and Presence backups is true?

A. Backups should be scheduled during off-peak hours to avoid system performance issues.

B. Backups are saved as .tar files and encrypted using the web administrator account.

C. Backups are saved as unencrypted .tar files.

D. Backups are not needed for subscriber Cisco Unified Communications Manager and Cisco IM and Presence servers.

Answer: A
Explanation:

Reference: https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cucm/admin/11_5 1 SUZ1/Administration/cucm_b_administration-
guide-1151sul/cucm_b_administration-guide-1151sul_chapter 01010.htmI#CUCM_TK_S7FC26D5 00

NEW QUESTION 61

Refer to the exhibit.

What is a possible cause of the PRI issue?
A. The cable is unplugged.

B. The clock source is incorrect.

C. The controller shut down.

D. The framing is configured incorrectly.
Answer: D

NEW QUESTION 62

An administrator is trying to change the default LINECODE for a voice ISDN T1 PRI. Which command makes this change?

A. linecode esf
B. linecode ami
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C. linecode hdb3
D. linecode b8zs

Answer: D

Explanation:
Reference: https://www.cisco.com/en/US/docs/ios/dial/configuration/guide/dia_cfg_isdn_pri_external_docbase 0900e4b1806c752c_4container_external_docbase
_0900e4b18216dd1b.html

NEW QUESTION 64
How can an administrator stop Cisco Unified Communications Manager from advertising the OPUS codec for recording enabled devices?

A. Route recorded calls through Cisco Unified Border Element because it does not support OPUS.

B. Go to the phone’s configuration page and set “Advertise OPUS Codec” to be “false”.

C. Integrate the Cisco Unified CM with 3 recording solution that does not support OPUS.

D. In CUCM Service Parameters set "Opus Codec Enabled” to “Enabled for all Devices Except Recording-Enabled Devices.”

Answer: D
Explanation:

Reference: https://www.cisco.com/c/en/us/support/docs/unified-communications/unified-communications-manager-callmanager/211297-Configure-Opus-Support-
on-Cisco-Unified.pdf

NEW QUESTION 67
DRAG DROP
According to the QoS Baseline Model, drag and drop the applications from the left onto the correct Per-Hop Behavior values on the right.

A. Mastered
B. Not Mastered

Answer: A

Explanation:

NEW QUESTION 69
Refer to the exhibit.

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

A. G.711lulaw

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

D. G.729r8

Answer: A
Explanation:

Reference: https://www.cisco.com/c/en/us/td/docs/ios-xml/ios/voice/dialpeer/configuration/15-mt/vd-15-mt-book/vd-dp-cfg-examp.pdf

NEW QUESTION 74
When a new SIP phone Is registered to Cisco Unified Communications Manager, it keeps failing and showing an “unprovisioned” error message in the phone
display. Which problem is a possible cause of this issue?

A. Auto-registration is disabled on the Cisco Unified Communications Manager nodes and the phone device does not have a DN configured.

B. The DN assigned to the phone is already in use by another SIP phone.
C. The phone cannot download and install the latest firmware.
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D. The DHCP settings are set incorrectly and the phone does not have an alternate TFTP defined.
E. The DN configuration for this phone is shared with an SCCP phon
F. which is not supported.

Answer: C

NEW QUESTION 75
Due to provider requirements, outgoing calls from the Enterprise to the PSTN must start with channel 1. Which ISDN command changes the channel selection an
IOS to meet this requirement?

A. isdn bchan-number-order decending
B. isdn bchan-number-order ascending
C. isdn protocol-emulate network

D. isdn incoming-voice voice

Answer: B

NEW QUESTION 77

Which description of the function of call handlers in Cisco Unity Connection is true?

A. They answer calls, take messages, and provide menus of options.

B. They provide access to a corporate directory by playing an audio list that users and outside callers use to reach users and leave messages.

C. They collect information from callers by playing a series of questions and recording the answers.

D. They control outgoing calls by allowing you to specify the numbers that Cisco Unity Connection can dial to transfer calls, notify users of messages, and deliver
faxes.

Answer: A

Explanation:

Reference: https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/connection/10x/administration/guide/10xcucsagx/10xcucsag080.htmi

NEW QUESTION 80
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