We recommend you to try the PREMIUM 350-801 Dumps From Exambible
exam blb|@ https://www.exambible.com/350-801-exam/ (196 Q&AS)

exambible

Cisco
Exam Questions 350-801

Implementing and Operating Cisco Collaboration Core Technologies

Your Partner of IT Exam visit - https://www.exambible.com



We recommend you to try the PREMIUM 350-801 Dumps From Exambible
exam blb|@ https://www.exambible.com/350-801-exam/ (196 Q&AS)

About Exambible

Your Partner of I T Exam

Found in 1998

Exambible is a company specialized on providing high quality IT exam practice study materias, especially Cisco CCNA, CCDA,
CCNP, CCIE, Checkpoint CCSE, CompTIA A+, Network+ certification practice exams and so on. We guarantee that the
candidates will not only pass any IT exam at the first attempt but also get profound understanding about the certificates they have
got. There are so many alike companiesin this industry, however, Exambible has its unique advantages that other companies could

not achieve.

Our Advances

* 99.9% Uptime
All examinations will be up to date.
* 24/7 Quality Support
We will provide service round the clock.
* 100% Pass Rate
Our guarantee that you will pass the exam.

* Unique Gurantee
If you do not pass the exam at the first time, we will not only arrange FULL REFUND for you, but aso provide you another

exam of your claim, ABSOLUTELY FREE!

Your Partner of IT Exam visit - https://www.exambible.com



We recommend you to try the PREMIUM 350-801 Dumps From Exambible
exam blb|@ https://www.exambible.com/350-801-exam/ (196 Q&AS)

NEW QUESTION 1
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 2
When a remote office location is set up with limited bandwidth resources, which codec would allow the most voice calls with the limited bandwidth?

A . G.722
B. G.711
C.G.729
D. G.723

Answer: C

NEW QUESTION 3
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 4
Which location must be assigned to the SIP trunk to replicate enhanced location information via a SIP trunk?

A. phantom
B. replica

C. hub_none
D. shadow

Answer: D

NEW QUESTION 5

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

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 6
A customer wants to conduct B2B video calls with a partner using on-premises conferencing solution. Which two devices are needed to facilitate this request?

A. Expressway-C

B. Cisco Telepresence Management Suite
C. Expressway-E

D. MGCP gateway

E. Cisco Unified Border Element

Answer: AC

NEW QUESTION 7
A Company s employees have been complaining that they have been unable to select options on the internal IVR of the help desk. IT support has been given
Cisco UCM traces and below is the snippet of the SDP of the INVITE packet.
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m=audio 25268 RTR/AVP 18 101
a=rpmap:0 PCML/B000
a=rtpmap:18 72%/8000

a=ptime; 20

a=fmip: 18 annexb=no

a=rtpmap:101 telephone-avent/E000
a=fmip:101 015

How is this issue resolved?

A. Configure CODEC for G.729.
B. Configure DTMF for KPML.

C. Configure CODEC for G.722.
D. Configure DTMF for RFC 2833.

Answer: B

NEW QUESTION 8
Which configuration concept allows for high-availability on IM and Presence services in a UC environment?

A. IM and Presence subclusters (configured on Cisco UCM)

B. Presence Redundancy Groups (configured on Cisco Unified IM and Presence)
C. IM and Presence subclusters (configured on Cisco Unified IM and Presence)
D. Presence Redundancy Groups (configured on Cisco UCM)

Answer: D

NEW QUESTION 9
Which two features of Cisco Prime Collaboration Assurance require advanced licensing? (Choose two.)

A. real lime alarm browse
B. multicluster support

C. call quality monitoring
D. email notifications

E. customizable events

Answer: BC

NEW QUESTION 10

Which DiffServe PHB preserves backward compatibility with any IP precedence scheme?
A. expedited forwarding

B. class selector

C. assured forwarding

D. default

Answer: B

NEW QUESTION 10

When multiple potential patterns are present, which two things are considered when Cisco UCM selects a destination pattern? (Choose two.)

A. The pattern matches the shortest explicit prefix.

B. The pattern does not match the dialed string.

C. The pattern represents the smallest number of endpoints.
D. The pattern matches the dialed string.

E. The pattern represents the largest number of endpoints.

Answer: AD

NEW QUESTION 14

A remote office has a less-than-optimal WAN connection and experiences packet loss, delay and jitter. Which VolP codec is used in this situation?

A. G722.1

B. iLBC

C. G.711alaw
D. G.729A

Answer: D

NEW QUESTION 15
Refer to the exhibit.
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Gatewayl#show sccp

SCCP Admin State: UP

Gateway Local Interface: Loopback0
IPvd4d Address: 192.168.12.1
Port Number: 2000

Gatewayl#

Gatewayl#show ccm-manager

¥ Call Manager Application is not enabled
Gatewayl#

Gatewayl#ishow mgcp

MGCP Admin State DOWN. Oper State DOWN - Cause Code NONE

MGCP call-agent: none Initial protocol service is MGCP 0.1

MGCP validate call-agent source-ipaddr DISABLED

MGCP validate domain name DISABLED

MGCP block-newcalls DISABLED

MGCP send SGCP RSIP: forced/restart/graceful/disconnected DISABLED

A collaboration engineer adds an analog gateway to a Cisco UCM cluster. The engineer chooses MGCP over SCCP as the gateway protocol. Which two actions
ensure that the gateway registers? (Choose two.)

A. Enter "no seep"” on the gateway in configuration mode.

B. Enter "ccm-manager mgcp" on the gateway in configuration mode.
C. Enter "mgcp” on the gateway in configuration mode.

D. Enter "ccm-manager config” on the gateway in configuration mode.
E. Delete and re-add the gateway configuration in Cisco UCM.

Answer: BC

NEW QUESTION 17
An engineer troubleshoots a Cisco Jabber login problem on a Windows PC. The login fails with the error message "Cannot find your services automatically. Click
advanced settings to set up manually " Which action should the engineer take first?

A. Verify whether the cup-xmpp certificates are valid.

B. Verify the username and password and try again.

C. Perform a manual DNS lookup of SRV record _cisco-uds._tcp.domain.com.
D. Perform a manual DNS lookup of SRV record _collab-edge._tls.domain.com.

Answer: C

NEW QUESTION 18
What happens when a Cisco IP phone loses connectivity to the duster during an active call?

A. The call continues to be active, but features like transfer or hold do not work.
B. The call continues and all features work.

C. The call drops immediately.

D. The call drops after missing two keepalives from Cisco UCM.

Answer: D

NEW QUESTION 22
An engineer configures a SIP trunk for MWI between a Cisco UCM cluster and Cisco Unity Connection. The Cisco UCM cluster fails to receive the SIP notify
messages. Which two SIP trunk settings resolve this issue? (Choose two.)

A. accept out-of-dialog refer

B. accept out-of-band notification
C. transmit security status

D. allow changing header

E. accept unsolicited notification

Answer: AE

NEW QUESTION 27

An administrator is designing a new Cisco UCM for a company with many departments and firm structure on their communications policies. The administrator must
make sure that these communication policies are reflected in the phone system setup. Certain departments cannot be accessed directly, even if they have
dedicated DID numbers. Some phones, especially public phones, must not be able to dial international numbers Which type of function is configured to control
which device is allowed to call another device in Cisco UCM?

A. partitions and calling search spaces
B. calling patterns and route patterns
C. regions and device pools

D. links and pipes
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Answer: A

NEW QUESTION 31
A Cisco UCM administrator wants to enable the Self-Provisioning feature for end users. Which two prerequisites must be met first? (Choose two.)

A. End users must have a secondary extension.

B. Cisco Extended Functions service must be running

C. End users must belong to Standard CCM Admin Users group, the Standard CCM End Users group, and the Standard CCM Self-Provisioning group.
D. End users must have a primary extension.

E. End users must be associated to a user profile or feature group template that includes a universal line template and universal device template.

Answer: DE

NEW QUESTION 34

Refer to the exhibit.

dial-peer wvolce 10 volp
destination-pattern 1
session target ipw4:10.1.1.1
no wad

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 35
Drag and drop the SNMPVv3 message types from the left onto the corresponding definitions on the right.

messages used to modify a value of an object
TRAP 2
variable
SET unreliable messages that alert the SNMP
manager to a condition on the network
GET reliable messages that alert the SNMP manager
to a condition on the network
INFORM messages used to retrieve an object instance

A. Mastered
B. Not Mastered
Answer: A
Explanation:
| |

I
: TRAP | SET
L= ) o
|F } [ |
| SET : . TRAP |
| { '
| -
! GET INFORM
I

INFORM GET
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NEW QUESTION 40

An administrator uses the Cisco Unified Real-Time Monitoring Tool to investigate recent calls on a Cisco UCM cluster. The SIP trace for an on-net. direct-media

call shows two 180 Ringing and two 11 BYE messages. Why are there multiples of each message type in the trace?

A. The source phone sends a 180 Ringing signal to the Cisco UC
B. which sends a 180 Ringing signal to the destination phon
C. The same process applies to 11 BYE messages.

D. The source phone must signal to the destination phone that it is ringing, and the destination phone signals back with a 180 Ringing messag

E. The same process applies to 11 BYE messages.

F. The calls have an MTP in the call path due to different codec suppor

G. The calls are subsequently split into two call legs.

H. The destination phone signals back to the Cisco UCM that it is ringing, and the Cisco UCM signals back to the source phone.

Answer: A

NEW QUESTION 44
Refer to the exhibit.

Volce class codec 1

codec praférence 1 g7 11alaw
codec preference 2 o7 1 ulaw
codec praference 3 g729r8

dial-paer voice 13 voip

description incoming dialpeer from ITSP
incoming called-numbser

voice-class codec 1

dial-peer voice 19 voip

description oulgoing dialppeer o CUCM
deshnation-patiern |1

Session protocol sipy2

session-target ipvd 3.3.3.3

voice-class codec 1

Incoming SOF from ITSP

v=0

o=siplesi@2 222116 INIP4 2222
s=siptestg@2 2 2.2

c=INIP42222

t=00

m=audio 5000 RTR/AVP 180
a=rtpmag 0 PCMUB000M

a=rtpmap: 18 G72/8000M

Which outgoing m-line SDP is sent to Cisco UCM after matching the appropriate dial peers via Cisco Unified Border Element?

A m=audio 16550 RTP/AVP 8 0 18
a=ripmap:0 PCMU/8000/1
a=ripmap:8 PCMA/8000/1
a=rtpmap:18 G729/8000/1

® m=audio 16550 RTP/AVP 18 0
a=ripmap:0 PCMU/8000/1
a=ripmap:18 G729/8000/1

C. m=audio 16550 RTP/AVP 18 0
a=rtpmap:8 PCMA/8000/1
a=ripmap:0 PCMU/8000/1
a=ripmap:18 G729/8000/1

D-m=audio 16550 RTP/AVP 0 8 18
a=ripmap:0 PCMU/8000/1
a=rtpmap.8 PCMA/8000/1
a=ripmap: 18 G729/8000/1

Answer: B

NEW QUESTION 48

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?

A.
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voice class codec 10
codec preference 1 g7llulaw

codec preference 2 g729r8

dial-peer voice 101 voip
session protocol sipv2
destination el64-pattern-map 1

voice-class codec 10

voice class codec 10

codec preference 1 g729r8
codec preference 2 g7llulaw
video codec h264

dial-peer voice 101 voip
session protocol sipv2
destination eléid-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 elbd-pattern-map 1
voice-class codec 100

" wvoice class codec 10

codec preference 1 g7llulaw
codec preference 2 g729r8
video codec h264

dial-peer voice 101 voip
session protocol sipv2
destination elé4-pattern-map 1
voice-class codec 10

Answer: D

NEW QUESTION 49

Cisco UCM delays routing of a call during digit analysis with an overlapping dial plan. How long is the default wait time?

A. 5 seconds

B. 10 seconds
C. 15 seconds
D. 20 seconds
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Answer: C

NEW QUESTION 50
Refer to the exhibit.

What is the registration state of the analog port in this debug output?

A. The analog port failed to register to Cisco UCM with an error code 200.
B. The MGCP Gateway is hot communicating with the Cisco UCM.

C. The analog port is currently shut down.

D. The analog port is registered to Cisco UCM.

Answer: D

NEW QUESTION 51
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 52
Due to service provider restriction. Cisco UCM cannot send video in the SDR Which two options on Cisco UCM are configured to suppress video in the SDP in
outgoing invites? (Choose two.)

A. Add the audio forced command to voice service VolP on the Cisco Unified Border Element.
B. Check the Retry Video Call as Audio on the SIP trunk.

C. Set Video Bandwidth in the Region settings to O.

D. Change the Video Capabilities dropdown on the endpoint to Disabled.

E. Check the Send send-receive SDP in mid-call INVITE check box on the SIP trunk SIP profile.

Answer: CD

NEW QUESTION 53
An administrator needs to create a partial PRI consisting of the first seven timeslots available. Which configuration snippet configures the ISDN E1 PRI for this
task?

A config t
2900(config)#isdn switch-type primary-ni
2900(config#interface Serial0/0/0:15
2900(config-controller j#pri-group timeslots 1-7

B config t
2900(config)#isdn switch-type primary-ni
2900(config)#controller e1 0/0/0
2900(config-controller#pri-timeslots 1-7

¢ config t
2900(config#isdn switch-type primary-ni
2900(config)#controller e1 0/0/0
2900(config-controller)#pri-group timeslots 1-7

Your Partner of IT Exam visit - https://www.exambible.com



We recommend you to try the PREMIUM 350-801 Dumps From Exambible
exam blbk—.‘ https://www.exambible.com/350-801-exam/ (196 Q&AS)

config t
2900(config)#isdn switch-type primary-ni
2900(config)#pri-group timeslots 1-7

Answer: C

NEW QUESTION 55
Refer to the exhibit.

INVITE sip:40008172.16.1.1:5061 SIP/2.0

Via: SIF/2.0/TLE 172.16.2.143:5061 ;branch=z2hG4bKaFDIL15SET

Ramors-PArcy=-ID: <aip:+140883350000172.16.2.193»;parcy=calling: screéanens: privacysary

From: <=sip:+140883350008172.27.2.143%>;;cag=TB42ESF6-9E8

To: <sip:40008172.16.1.1>

Date: Tus, 06 Aug 2019 15:03:05 GHT

Call=ID: 4EA4363=-B77111E9-BA4AFFCF-10B6DTIER172.16.2.143

Supported: 100rel,timer,resgurce-priority, replaces, sdp-—anat

Min=-3E: 1800

Cipoo-Guid: OOBZ391505-3077640681-23218777743-0200418075 E}
User-Agent: Cilaco-SIPGatevay/I08-15.5.3.594b

Allow: INVITE, OPTIONS, BYE, CAMCEL, ACE, PRACHE, UPDATE, REFER, SUBSCRIBE, NOTIFY, INFO, REGISTER
L2eq: 101 INVITE

Timeatamp: 1565089565

Contact: <sip:+i1408B3I350000172.16.2.143:5081 ;cranapoct=tla>

Expires: 180

Allovw=Events: telephoné-ayvent

Nax-Forwards: &8

Content-Type: application/sdp

Content=Disaposition: sesslonhandling=requirced

content=Length: 416

w=D

o=CiscoSyatemsSIP-GU=-Usechgent B486 8298 IN IP4 172.16.2.143

a=SIF Call

eIl IP4 172.16.2.143

=0 0

meaudic 44612 RTP/SAVFP 0 101

c=IN IP4 172.16.2.143

a=crypro: XX . X
ATCrYpEo:] X
a=ctpmap:0 FCHUD/E000
a=repmap: 101 celephone-avent/ 8000
a=fmtp;: 101 O-18

A=DL Lme 1 20

CXHEXXIXX

This INVITE is sent to an endpoint that only supports G.729. What must be done for this call to succeed?

A. Add a transcoder that supports G.711ulaw and G.729.

B. Nothing; both sides support G.729.

C. Add a media termination point that supports G.711ulaw and G.729.
D. Nothing both sides support payload type 101.

Answer: A

NEW QUESTION 59
A customer wants a video conference with five Cisco Telepresence 1X5000 Series systems. Which media resource is necessary in the design to fully utilize the
immersive functions?

A. Cisco Webex Meetings Server

B. software conference bridge on Cisco UCM
C. Cisco Meeting Server

D. Cisco PVYDM4-128

Answer: C

NEW QUESTION 60
What is a characteristic of a SIP endpoint configured in Cisco UCM with 'Use Trusted Relay Point' set to "On'?

A. It creates a trust relationship with the called party.

B. It enables the Use Trusted Relay Point setting from the associated common device configuration.
C. It enables Cisco UCM to insert an MTP or transcoder designated as a TRP.

D. If TRP is allocated and MTP is also required for the endpoin

E. calls fail.

Answer: C

NEW QUESTION 61

Which task is required when configuring self-provisioning for an end user in Cisco UCM?
A. Enable Auto-Registration.

B. Associate the end user to the Standard CCM Super Users group

C. Associate the end user to a SIP Profile.
D. Disable Auto-Registration.
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Answer: A

NEW QUESTION 64
Refer to the exhibit.
Via: SIP/2.0/TCP

10.10.10.2:5060 ;branch=a8bH5bK7954A198F
From:
<sip:012345678210.10.10.2>;tag=8D79AF62-DB2
To: <sip:90123456@10.10.4.14>;
tag=Bl1168l1~ffaB0926-5fac-4cc5-bB02-
2dbde74aeTw2 -

v=0

o=CiscoSystemsCCM-SIP 811681 1 IN IP4
10.10.4.14

s=SIP Call

c=IN IP4 10.5.4.3

t=0 0O

m=audio 27839 RTP/AVP 0 101

a=rtpmap: 0 PCMU/8000

a=ptime:20

a=rtpmap:101 telephone-event/8000
a=fmtp:101 0-15

Which Codec is negotiated?

A. G.729

B. ILBC

C. G.711ulaw
D. G.728

Answer: C

NEW QUESTION 68
Endpoint A is attempting to call endpoint B. Endpoint A only supports G.711ulaw with a packetization rate of 20 ms, and endpoint B supports packetization rate of
30 ms for G.711ulaw. Which two media resources are allocated to normalize packetization rates through transrating? (Choose two.)

A. software MTP on Cisco I0S Software

B. software MTP on Cisco UCM

C. software transcoder on Cisco UCM

D. hardware transcoder on Cisco 10S Software
E. hardware MTP on Cisco 10S Software

Answer: BE

NEW QUESTION 69
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 72
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 74
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 lldp run

C. Switch# configure terminal

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

NEW QUESTION 78

Which DHCP option must be set up tor new phones to obtain the TFTP server IP address?

A. option 66
B. option 15
C. option 6
D. option 120

Answer: A

NEW QUESTION 80

According to the QoS Baseline Model, drag and drop the applications from the left onto the Per-Hop Behavior values on the right.

voice AF11
interactive video Ccs2
bulk data o EF
call-signaling AF31/CS3
network management AF41
A. Mastered
B. Not Mastered
Answer: A
Explanation:
voice interactive video
interactive video network management
bulk data voice
il-sianali i-sianali
network management bulk data

NEW QUESTION 84

Which attribute contains an XMPP stanza?

A.iq
B. message
C. type

D. presence
Answer: A

NEW QUESTION 87
Refer to the Exhibit.

dspfarm profile 1 mtg
codec g711lulaw
maximum sessions software 50
assocliate application SCCP
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Which command is required to allow this media resource to handle Video Media streams?

A. maximum sessions hardware 50

B. video codec h264

C. codec pass-through

D. associate application Cisco unified border element

Answer: C

NEW QUESTION 90
An administrator executes the debug isdn q931 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 93
An engineer is notified that the Cisco TelePresence MX800 that is registered in Cisco Unified communications Manager shows an empty panel, and the Touch 10
shows a corresponding icon with no action when pressed. Where does the engineer go to remove the inactive custom panel?

A. The phone configuration page in CUCM Administration

B. The SIP Trunk security profile page in CUCM Administration
C. The software Upgrades page in CUCM OS Administration
D. The In-Room control Editor on the webpage of the MX800

Answer: D

NEW QUESTION 97
Refer to the exhibit.
controller t1 0/0/1
pri-group timeslots 1-24
clock source line
linecode b&zs

framing esfi

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 hdb3
framing crcd

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

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

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

Answer: C

NEW QUESTION 101
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Which DSCP value and PHB equivalent are the default for audio calls?

A. 48 and EF
B. 34 and AF41
C. 32 and AF41
D. 32 and CS4

Answer: A

NEW QUESTION 104
An engineer must configure a SIP route pattern using domain routing with destination +13135551212. The domain ciscocml.jupiter.com resolves to 192.168.1.3.
How must the IPV4 Pattern be configured?

A. +13135551212@192.168.1.3
B. ciscocml.jupiter.com
C.\+13135551212@192.168.1.3
D. 192.168.1.3

Answer: B

NEW QUESTION 108
Which action prevents toll fraud in Cisco UCM?

A. Implement route patterns in Cisco UCM.

B. Implement toll fraud restriction in the Cisco 10S router.
C. Allow off-net to off-net transfers.

D. Configure ad hoc conference restriction.

Answer: D

NEW QUESTION 111
A user dials 9011841234567 to reach Vietnam. Which steps send the call to the PSTN provider as 0118412345677
A)
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A. Option A
B. Option B
C. Option C
D. Option D
Answer: A

NEW QUESTION 112
Which command must be defined before an administrator changes the linecode value on an ISDN T1 PRI in slot 0/2 on an I0S-XE gateway?

A. isdn incoming-voice voice
B. pri-group timeslots 1-24
C.cardtypetl 02

D. voice-port 0/2/0:23
Answer: C

NEW QUESTION 117

Which dial plan function restricts calls that are made by a lobby phone to internal extensions only?

A. manipulation of dialed destination
B. path selection
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C. calling privileges
D. endpoint addressing

Answer: C

NEW QUESTION 118

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 121

An administrator configures international calling on a Cisco UCM cluster and wants to minimize the number of route patterns that are needed. Which route pattern

enables the administrator to match variable-length numbers?
A.9.011#

B.9.011@

C.9.011!

D. 9.011*

Answer: C

NEW QUESTION 123

Given this H.323 gateway configuration and using Cisco best practices, how must the called party transformation pattern be configured to ensure that a proper

ISDN type of number is set?
voice translation-rule 40

rule 1/3...%/ /408555&/

!

voice translation-profile INT
translate calling 40

I

dial-peer voice 8011 pots
translation-profile outgoing INT
destination-pattern 9011T

port 001/0:23

Pattern* st
Partition | PT_US_VG_CD_Out_xForm
Description JUS International calling

Numbenng Plan | = none &

Route Filter j < None >

F Urgent Prionty
™ MLPP Preemption Disabled

Called Party Transformations

Discard Dignts | PreDot
Called Party Transformabeon Mask |

Prefix Digs Igfnl

Called Party Number Type* [ 1nternational

Called Party Numbening Plan®  [Private

G § AN
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attern D
Pattern®

Partition | PT_US_VG_CD_Out_xForm =l
Description |US International calling

Numbering Plan  [TERE -]
Route Filter Id: None > i’

~ Urgent Priority
™ MLPP Preemption Disabled

Called Party Transformations

I~
Discard Digits | PreDot Wy =]
Called Party Transformation Mask |

Prefix Digits [o011
Called Party Number Type* | Cisco CallManager LI
Called Party Numbenng Plan"® |C|sco CallManager ,;l

pattern® f\+.t

Partition [PT_Us_vG_co_out_xForm =l
Description |US International calling

Numbenng Plan !.: None > _"j

Route Filter ' < None > _"J h

F Urgent Pnonty
™ MLPP Preemption Disabled

Called Party Transformations

Discard Digits | PreDot =
Called Party Transformation Mask I

Prefix Digits (o011

Called Party Number Type* [ International =
Called Party Numbening Plan® [1som =

pattern® Y

Partition | PT_US_VG_CO_Ouwt_xForm
Description |US International calling
Numbening Plan | = None -

Route Filter | < None >

F Urgent Prnionty
™ MLPP Preemption Disabled

Called Party Transformations

Discard Digits | PreDot

Called Party Transformation Mask [

Prefix Digits |o011
Called Party Number Type® | Unknown

Called Party Numbening Plan® IUnknuwn
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Answer: C

NEW QUESTION 126
User A Calls user. The call gets connected, but the quality is bed. What are two reasons for this issue? (Choose two)

A. Incorrect partition

B. No region relationship
C. Network congestion
D. Incorrect QoS

E. Incompatible codec

Answer: CD

NEW QUESTION 130
Refer to the exh|b|t -

An englneer verlfles the conflgured of an MGCP gateway The commands are already conflgured Which command is necessary to enable MGCP?

A. Device(config)# mgcp enable

B. Device(config)# ccm-manager enable
C. Device (config) # com-manager active
D. Device (config)# mgcp

Answer: D

NEW QUESTION 134
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 138
Refer to the exhibit.

000193: Dec 514:35:31.054: ISDN Se0/1/0:15 Q921: User TX -> SABMEp sapi=0 tei=0
000193: Dec 5 14:35:32.054: ISDN Se0/1/0:15 Q921: User TX -> SABMEp sapi=0 tei=0
000193: Dec 5 14:35:33.054: ISDN Se0/1/0:15 Q921: User TX -> SABMEp sapi=0 tei=0
000193: Dec 5 14:35:34.054: ISDN Se0/1/0:15 Q921: User TX -> SABMEp sapi=0 tei=0

Given this "debug isdn q921" output, what is the problem with the PRI?

A. Nothing, the PRI is sending keepalives.

B. Layer 2 is down on the controller.

C. PRI does not have an IP address configured on the interface.
D. Layer 1 is down on the controller.

Answer: B

NEW QUESTION 140

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

A. Video is typically constant bit rate.

B. Voice and video are the same, so they have the same QoS requirements.

C. Voice and video traffic are different, but they have the same QoS requirements.

D. Video is typically variable bit rate.

Answer: D

NEW QUESTION 143

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/ //
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B. voice translation-rule 1 rule 1 /29(.......... )
C. voice translation-rule 1 rule 1 /9.+/ //

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

NEW QUESTION 145
Refer to the exhibit.

A call to an international number has failed. Which action corrects this problem?

A. Assign a transcoder to the MRGL of the gateway.

B. Strip the leading 011 from the called party number

C. Add the bearer-cap speech command to the voice port.

D. Add the isdn switch-type primart-dms100 command to the serial interface.

Answer: B

NEW QUESTION 149
In the cisco expressway solution, which two features does mobile and Remote access provide? (Choose two)

A. VPN-based enterprise access for a subset of Cisco Unified IP Phone models

B. secure reverse proxy firewall traversal connectivity

C. the ability 10 register third-party SIP or H 323 devices on Cisco UCM without requiring VPN

D. the ability of Cisco IP Phones to access the enterprise through VPN connection

E. the ability for remote users and their devices to access and consume enterprise collaboration applications and services

Answer: BE

NEW QUESTION 153

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 156
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