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NEW QUESTION: 1

Refer to the exhibit.
Profile 1
CallSetup Mode Gatekeeper j Save
PortAllocation Dynamie j Save

Authentication

LoginName Save (0 to 50 characters)
Mode Off j Save

Password Save (0 to 50 characters)

Gatekeeper

Address 192.168.1.23 Save (0 to 255 characters)
Discovery Manual j Save

E164 Save (0 to 30 characters)
1D endpoint@domain.com Save (0 to 49 characters)

These settings are configured on a Cisco TelePresence System EX90. What is the result?

A. The endpoint successfully registers to Cisco VCS as an H.323 endpoint.

B. The endpoint does not register to Cisco Unified Communications Manager as a SIP endpoint,
because the domain information is missing.

C. 323 endpoint.

D. The endpoint successfully registers to Cisco Unified Communications Manager as an

E. The endpoint successfully registers to Cisco Unified Communications Manager as a SIP
endpoint.
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F. The endpoint does not register to Cisco VCS as a SIP endpoint, because the domain
information is missing.

G. The endpoint successfully registers to Cisco VCS as a SIP endpoint.

Answer: (SHOW ANSWER)

NEW QUESTION: 2
An engineer configured a Cisco TelePresence server with two Cisco acquired Codian devices.
Users are reporting that the image looks frozen and the audio contains static and is garbled on

one of the devices. What is the root cause of the issue?
Refer to the exhibit.

A. There is a mismatch in the port configuration.

B. There are packet drops in the ingress queues

C. The input flow control is off.

D. The QoS that is configured on the port is set to FIFO
Answer: (SHOW ANSWER)

NEW QUESTION: 3

What is a common reason that an IP Phone cannot get its configuration from Cisco Unified
Communications Manager after it obtains the correct IP address information?

A. The DHCP scope is exhausted.

B. The DHCP scope has the incorrect Option 150 or 66 defined.

C. The DHCP scope is on the wrong subnet.

D. The DHCP server is not reachable.

Answer: (SHOW ANSWER)

NEW QUESTION: 4

You need to collect debug Information in a production environment on urgent basis to
troubleshoot a problem. Which two commands are recommended by Cisco that you should run?
(Choose two.)

A. no debug all


https://www.freecram.net/q/118-18951/
https://www.freecram.net/q/118-18952/
https://www.freecram.net/q/118-18953/

B. no logging console

C. undebug all

D. show debug

E. logging buffered

F. show logging info
Answer: (SHOW ANSWER)

NEW QUESTION: 5
Refer to the exhibit.

U #show inventor
NAME: "CISC02901/K9 chassis"™, DESCR: "CISC02901/K9 chassis”
2ID: CISC02901/K9 , VID: v04 , SN: FGL160521F8

NAME: "VWIC3-1MFT-T1/E1l - 1-Port RJ-48 Multiflex Trumk - T1/E1 on Slot 0 SubSlot 0", DESCR: "VWIC3-1MFT-T1/E1l
2ID: VWIC3-IMFT-T1/E1 , VID: VOl , SN: FOC16020NRF

NAME: "PVDM3 DSP DIMM with 32 channels on slot 0 subslot 4", DESCR: "PvDM3 DSP DIMM with 32 channels"

2ID: PVDM3-32 , VID: v01 , SN: FOC16021305

NAME: "€1941,/C2901 AC Power Supply", DESCR: "C1941/C2901 AC Power Supply"”
>ID: PWR-1941-2901-AC , VID: . SN:

1#

1#

#show voice dsp capab111t1es slot 0 dsp 1
ISP Type: SP2600 -32
card 0 DsP id 1 capabilities:
Credits 480 , G7liCredits 15, HC Credits 34, MC Credifs . 22,
FC Channel 32, HC Channel 14, MC Channel 21,
conference 8-party credits:
G711 @36 , G729 96 , 6722 96 , ILBC 120
secure Cregits:

SegplC Xcodep 20, sec HC Xgode 34,

Sec MC Xcode 26, Sec LC UNIV Xcode 20,

SeC HC UNIV Xcode!l 68,5ec mC UNIV Xcode 40,

Sec”G729 conf 120, sec 6722%conf' 120, S5eciTLBC conf 160,

sec G711 conf 68 ,
d1ax Conference Parties per DSP:
G7ldel Odun G286 40, ulad 22 43? IEBCRSE? ;

SeE G711 56 /0 Sec GF29" 326 L Y
Sec G722 32 “Ség ILBC 24;

Joice channels: @
g7llperdsp =32, g/726perdsp ='21, g729perdsp = 14, g729aperdsp = i
g723perdsp = 0 , Q728perdsp = 14, g711_S5Smsperdsp = 22, gsmamrnbperdsp =
ilbcperdsp = 14, 1isacperdsp = 7 , modemrelayperdsp = 14,

g72264Perdsp = 21, h324perdsp = 14,
m_f_thruperdsp = 32 faxrelayperdsp = 21,
maxchperdsp = 32, m1nchperdsp 14,
srtp_maxchperdsp = 18, srtpﬁm1nchperd5p
g711_srip_perdsp = 18 g729_srtp_perdsp
gnx64_srtp_perdsp =

9 , faxrelay_srtp_perdsp = 9 ,
9 , g729a_srtp_perdsp = 16

[}

W #
How many high-complexity transcoding sessions can this Cisco ISR G2 support?

A. 60
B. 14
C.21
D. 15
Answer: (SHOW ANSWER)

NEW QUESTION: 6

An engineer integrated a voice gateway with Cisco Unified Communications Manager using
H.323, but the calls through it are failing. Which debug command helps isolate this issue?
A. debug call-mgmt

B. debug mgcp errors

C. debug voip ccapi inout

D. debug ras
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E. debug ccsip error
Answer: (SHOW ANSWER)

NEW QUESTION: 7

To achieve 720p (HD) quality at 30 frames per second on an endpoint that is running TC
software, what is the minimum configured call rate?

A. 1152 kbps

B. 768 kbps

C. 512 kbps

D. 2560 kbps

Answer: (SHOW ANSWER)

NEW QUESTION: 8

Which configuration is required on Cisco TelePresence Server, in order to support 1080p
resolution?

A. Cisco TelePresence Server must be in HD mode.

B. Cisco TelePresence Server must be configured with Cisco TelePresence Conductor.
C. Cisco TelePresence Server must be in remotely managed mode.

D. Screen licenses must be configured.

E. Cisco TelePresence Server must be in Full HD mode.

Answer: E (LEAVE A REPLY)

NEW QUESTION: 9

When user attempted to call a colleague at the same site, the caller received a recording that the
call could not be completed as dialed. Which two actions can you take to troubleshoot the
problem? (Choose two.)

A. Reboot the Cisco Unified communications Manager Cluster.

B. Ping the remote gateway to verify connectivity.

C. Reboot the user's IP phone.

D. Reboot the IP phone that the user attempted to call.

E. Use RTMT to trace the call from DN to DN.

F. Verity that the partition and calling search space are correct.

Answer: B,F (LEAVE A REPLY)

NEW QUESTION: 10 )
For which two reasons does music Dw@%qg@ﬁ&%}:ﬁéé ;v'-:l'-DT:]

A. Analog lines are terminated into the voice gateway.

B. The DRAM is corrupted on the Cisco |OS router.

C. iPv4 addressing is in use.

D. A SIP trunk is configured between the phone and the music on hold server.

E. Unicast music on hold is configured and the IP addressing mode is set to IPv4 Only.
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F. Multicast music on hold is configured and the IP addressing mode is set to IPv6 Only.
Answer: (SHOW ANSWER)

NEW QUESTION: 11

You are trying to register an H.323-based Cisco TelePresence system to Cisco Unified
Communications Manager and a Cisco DX70 system to the Cisco VCS Control. Why do neither of
the units want to register?

A. Both systems need to register to the Cisco VCS Control, but the H.323-based system needs to
have the gatekeeper setting set to "Direct."

B. You need Cisco TelePresence Management Suite to register Cisco TelePresence systems.

C. You need Cisco TelePresence Server to register Cisco TelePresence systems.

D. Both systems need to register to the Cisco Unified Communications Manager, as the Cisco
VCS Control is used only for firewall traversal.

E. The H.323-based system needs to register to the Cisco VCS Control with an E.164 number,
and the Cisco DX70 needs the TFTP address to register on the Cisco Unified Communications
Manager.

F. The H.323-based system needs an E164 number to register to Cisco Unified Communications
Manager, and the Cisco DX70 needs to have the MAC address configured first on the Cisco VCS
Control.

Answer: (SHOW ANSWER)

NEW QUESTION: 12

Which CLI command monitors ILS replication progress?
A. utils ils showpeerinfo

B. utils ils show peer info

C. utils ils findxnode

D. utils ils lookup

Answer: A (LEAVE A REPLY)

NEW QUESTION: 13

You have just configured Cisco CallManager.

A few users in your organization complain that when they log out, the phones are reset.
You need to provide a solution to this problem.

What should you do?

A. Restart the TFTP service.

B. Restart the Internet Information Service (IIS).

C. Change the DNS address to IP address.

D. Reboot the phones.

E. Edit the form.jsp file and make appropriate changes.
F. Restart the Computer Telephony Integration (CTI).
Answer: (SHOW ANSWER)
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NEW QUESTION: 14

Refer to the exhibit. Based on the ACK SDP output, what can be concluded?
A. There is no DTMF support for the call.

B. High-definition video is configured for the endpoints

C. The total amount of bandwidth for the video channels is 192 kbps.

D. This event is a multipoint video call with three participants.

Answer: (SHOW ANSWER)

NEW QUESTION: 15

An engineer is configuring Cisco Unified Communications Manager (CUCM) Version 10.0.

The office manager of a remote office sends a request to set up a new phone that contains the
MAC address of the phone (OAFC00021AB2) and the extension (2324). The engineer manually
creates a new Cisco Unified IP Phone 7942 in CUCM, but the phone displays

"Registration Rejected" when the user plugs the phone into the LAN. What should be done to fix
this issue if autoregistration is already enabled in CUCM?

A. Check the MAC address to make sure that it matches and that there are no extra characters in
the MAC address field.

B. Ensure that the phone extension is not already used on another set.

C. Verify that the phone model being connected is the same type that is configured in CUCM.

D. Check the Enterprise License Manager to ensure that the system is not out of licenses.
Answer: (SHOW ANSWER)

NEW QUESTION: 16
Refer to the exhibit.
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*Mar 24 16:17:54.190: ISDN Se0/0/0:15 Q931: RX <- SETUP pd = 8 callref = 0x00AA
Bearer Capability i = 0x8090A3
Standard = CCITT
Transfer Capability = Speech
Transfer Mode = Circuit
Transfer Rate = 64 kbit/s
Channel ID i = 0xA98381
Exclusive, Channel 1
Progress Ind 1 = 0x8183 - Originatiomaddressis non-ISDN
Calling Party Numberi = 0x1180,'4940302156001'
Plan:ISDN, Typedntérmational
Called Party Numbegi = 0x81, '2288223001"
Plan:ISDN, Type:Upkngwn
*Mar 24 16:17:54.210: ISDN Se0/0/0:15 Q93%. TX -> RELEASE_COMP pd=8 callref =
0x80AA
Cause i = 0x8081 - Unalloc@ted/unasSigned number

The exhibit shows the output of debug isdn q931. An inbound PSTN call was received by a SIP
gateway that is reachable via a SIP trunk that is configured in Cisco Unified Communications
Manager. The call failed to ring extension 3001. If the phone at extension

3001 is registered and reachable through the gateway inbound CSS, which three actions can
resolve this issue? (Choose three.)

A. Configure a voice translation profile in the SIP Cisco I0S gateway with a voice translation rule
that truncates the number from ten digits to four digits.

B. Change the significant digits for inbound calls to 4 on the SIP trunk configuration in Cisco
Unified Communications Manager.

C. Configure a called-party transformation CSS on the gateway in Cisco Unified Communications
Manager that includes a pattern that transforms the number from ten digits to four digits.

D. Configure a translation pattern in Cisco Unified Communications Manager that can be
accessed by the trunk CSS to truncate the called number to four digits.

E. Configure the digit strip 4 on the SIP trunk under Incoming Called Party Settings in Cisco
Unified Communications Manager.

F. Configure the Cisco IOS command num-exp 2288223001 3001 on the gateway ISDN interface.
Answer: (SHOW ANSWER)
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NEW QUESTION: 17

You are configuring Troubleshooting Perfmon Data-Logging parameters.
You want to specify the Cisco recommended file size that can be stored in a perfmon log file.
What is the maximum file size value that you must specify?

A.5MB

B. 600 MB

C. 150 MB

D. 100 MB

E. 500 MB

F. 50 MB

Answer: (SHOW ANSWER)

NEW QUESTION: 18

Which Cisco Unified Communications Manager tool can you use to troubleshoot issues with
international calling?

A. Cisco Deployment Tool

B. Cisco Prime

C. Dialed Number Analyzer

D. RTMT

Answer: (SHOW ANSWER)

NEW QUESTION: 19

Refer to the exhibit. An engineer is troubleshooting a SAF forwarder adjacency in which two
interfaces from the same router are being advertised to all other neighbors. Which set of IOS
commands successfully stops the router from advertising the LoopbackO0 interface?

A. router eigrp SAF

service-family ipv4 autonomous-system 100

sf-interface Loopback0

exit-sf-interface

B. router eigrp SAF


https://www.examdiscuss.com/Cisco/exam/300-080/premium/
https://www.freecram.net/q/118-18967/
https://www.freecram.net/q/118-18968/

service-family ipv4 autonomous-system 100
sf-interface Loopback0

shutdown

C. router eigrp SAF

service-family ipv4 autonomous-system 100
sf-interface Loopback0

no split-horizon

D. route eigrp SAF

service-family ipv4 autonomous-system 100
sf-interface Loopback0

no dampening-change

Answer: (SHOW ANSWER)

NEW QUESTION: 20

After a Cisco Unified Communications _Manager@_ ﬂg"!‘lsﬁﬁ, bsers report problems when more
than four users attempt to join a Me%l.’lﬁ @@ ~Which parameter should you increase?

A. Maximum Meet-Me Conference, Enterprise Parameters Configuration
B. Maximum Meet-Me Conference, Call Manager Service Parameter

C. Maximum Ad Hoc Conference, Enterprise Parameters Configuration
D. Maximum Ad Hoc Conference, Call Manager Service Parameter
Answer: (SHOW ANSWER)

NEW QUESTION: 21

You are experiencing bad video quality in calls, and you suspect packet loss in the network. Both
the network switch and the collaboration endpoint network interfaces are set to autonegotiation,
but the reported port speed and duplex settings do not match. Which action should you take?

A. Configure the switch port to use a manual speed and duplex setting of 100 Mbps and half
duplex, and keep the collaboration endpoint setting as "auto."

B. Set both the collaboration endpoint and the switch port to use manual speed and duplex
settings of 100 Mbps and full duplex.

C. Keep both the switch port and collaboration endpoint settings as "auto," because this
configuration is not responsible for the mismatched settings that were reported.

D. Set the collaboration endpoint to use a manual speed and duplex setting of 100 Mbps and full
duplex, and keep the switch port setting as "auto."

Answer: (SHOW ANSWER)

NEW QUESTION: 22

Users of your local Cisco Unified Communications Manager cluster report that they receive error
"Login is unavailable (23)" when they try to log in to Extension Mobility. Which reason for this
error is true?

A. The given user ID is not found n any of the remote clusters.
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B. User has no Extension Mobility profiles assigned.

C. Phone is not subscribed to Extension Mobility phone service.
D. User provided the wrong UserID or PIN

Answer: (SHOW ANSWER)

NEW QUESTION: 23

As a Voice Administrator, you have configured the Service Advertisement Call Control Discovery
(CCD) feature. When you encounter CCD issues, which command would you use on the 10S
interface to check all the learned routes on the IOS device?

A. show voice saf client

. show eigrp service-family ipv4 interfaces

. show voice saf dial-peer outbound

. show voice safdndb all

. show ccm-manager

mmoOOoOWw

. show eigrp service-family ipv4 topology
Answer: (SHOW ANSWER)

NEW QUESTION: 24

An engineer created an inter site link in cisco unity connection by using the Cisco Unity
Connection Site by manually exchanging configuration files option.

The error appears "Hostname entered does not match that on the remote site certificate".
What is the one cause of the issue?

A. DNS is not configured on the Cisco Unity Connection site gateway.

B. The FQDN does not match the remote site gateway configuration file.

C. A partition is missing from search spaces on the Cisco Unity Connection location.

D. The FQDN does not match the server name on the remote site gateway web SSL certificate.
E. The inter site location is a member of the same cisco unity connection site

Answer: (SHOW ANSWER)

NEW QUESTION: 25

You are receiving complaints of pixilation, smearing, and pulsing of video calls between two
offices that are connected by a WAN. Assuming that QoS is implemented on the WAN
connection, which classification should you use to mark the video traffic, according to the Cisco
QoS baseline?

A. EF

B. AF31

C.CS3

D. CS2

E. CS6

F. AF41

Answer: (SHOW ANSWER)
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NEW QUESTION: 26

You need to increase the maximum number of Meet-Me conference participants on Cisco Unified
Communications Manager. Where do you configure this increase?

A. Media Resources > Conference Bridge

B. Call Routing > Meet-Me Number/Pattern

C. System > Service Parameters > [Publisher Server] > Cisco CallManager (Active) > Clusterwide
Parameters (Feature - Conference)

D. Device > Conference Bridge

E. Media Resources > Media Resource Group

Answer: (SHOW ANSWER)

NEW QUESTION: 27
Refer to Exhibit:

2015/02/09 11:13:27.67 2|SIPLI0[TCP|INI10.1.5.2515060|SEP8478ACE7 1D1F|10.1.111.3|507401,100, 14,146.36*10.1.111.3**[173]8478ace 7- 10 110006 4311 b70a-45b7522 1b@710.1.111.3INVITE
2015/02/08 11:13:27.672|SIPL|0[TCP|OUT|10.1.56.25/5060]SEP8478ACE71D1F|10.1.111.3|50740|1,100,14,146.3610.1.111.3%*|174|8478ace7- 10110006-4311 b7ba-456775210@10.1.111.3]100 Trying

2015/02/09 11:13:29.371|CCISETUP|23329196/23329197]2001|2003]2003

2015/02/09 11:13:29.438|SIPL|23329197|TCP|OUT|10.1.5.25|5060|SEPG4AEOCF7BC79(10.1.111.2|49499(1,100,14,1. 12" |155|t>9370500409ﬁ509 -8-1905010a@10.).1.5 25IINVITE

2015/02/09 11:13:29.439|CC|OFFERED|23329196/23329197|2001]2003]2003|SEP847 8ACET 1D1F|SEPG4AEQCF7BCT9

2015/02/09 11:13:29.530ISIPL|23329197|TCP|INI10.1.5.25|5060|SEPG4AEOCF7BC79]10.1.111.2/49499]1,100, 14,119.25%10. 1.111.2%%]188]b9a7 d800-409106 d3-9-190560 10a@10.1.5.25[100 Trying

2015/02/09 11:13:29.667|SIPL|23329197|TCP|IN|10.1.5.25]5060|SEP64AEOCF7BC79|10.1.111.2|49499]1,100,14.119.26*10.1.191.2"*]191|b9a7 d800-4d9106 d9-9-190560 10a@10.1.5.25/180 Ringing

2015/02/09 11:13:29.670|SIPL|23329196|TCP|OUT|10.1.5.25|S060|SEP847 8ACE7 1D1F|10.1.111.3|507 401, 100,14, 119.26"10.1.111.24*| 192|8478ace7-1d110006-4311b»7ba-45075210@10.1.111.3|180 Ringing
2015/02/09 11:13:38.651|SIPL|23329196|TCP|IN|10.1.5.25|15060/SEP§47 8ACET7 1D1F|10.1.111.3/1507 401, 10044, 146.45"10.1.111.3/*|195|8478ace7-1d110006-431107023-45075210@10.1.111.3|CANCEL

2015/02/09 11:13:38.651|SIPL|23329196|TCP|OUTI10.1.5.2515060/SEP8478ACET 1D1F[10.1.114.31507 4011, 100,14 ,146.45"10.1.111.3**|196|8478ace7-1d 11000 6-4311037ba-45075210@10.1.111.3/1200 OK

2015/02/09 11:13:38.670|SIPL|23329197|TCP|OUT|10.1.5.25|5060|SEP6 4AEOCF7BC7940:1.111.2]494.99}1,100, 14,146 45%10.1.111.3%*|197|b3a7 d800-4d9106 d9-9-190050 10a@10.1.5.25| CANCEL

2015/02/09 11:13:38.67 1|SIPL|23329196|TCP|OUT|10.1.5.25|5060|SEP847 8ACEZAD1F[10:1.111.3|50740(1,100,14,146.45410.1.111.34*|198| 84 78ace7-1d 110 006-43110»7ba-45b7521b@10.1.111.3|487 Request Cancelled
2015/02/09 11:13:38.772|SIPL|23329196|TCP|IN|10.1.2.25|5060/SER847 SACET 1D 1F|10,1,141.3/120740(1, 100,14,146.46*10.1,111.3/%|199|8478ace7-1d110006-431107023-45075210@10.1.111.3|ACK

2015/02/08 11:13:38.774|SIPL|23328197|TCP|IN|10.1.5.25|5060/SEP64AEOCF7BC78[10.1.111.2]49499|1,100, 14,119.27*10.1.111.2**]200| 0937 d800-4d9106 d9-8-190560 10a@10.1.5.25]200 OK

2015/02/09 11:12:38.775|CCIRELEASE|23329196]23329197|16

2015/02/09 11:13:38.851|SIPL|23329197|TCP|IN|10.1.5.25|5060|SEPS4AEOCF7BC79(10.1.111.2|49499|1,100, 14,119.28*10.1.111.2"*|201| b9a7 d800-4d9106 d9-9-190560 10a@10.1.5.25]487 Request Cancelled
2015/02/09 11:13:38.861|SIPL|23329197|TCP|OUT|10.1.5.25|5060|SEP64AEOCF7BC79|10.1.111.2|149499]1,100,14,119.28*10.1.111.24*|202|b9a7 d800-4d9 106 d9-9-190050 10a@10.1.5 25|ACK

What type of trace file is this considered to be?
A. sdi

B. dbnotify

C. calllogs

D. dbl

E. sdl

Answer: (SHOW ANSWER)

NEW QUESTION: 28

Users are complaining of problems when they make SIP calls by dialing URIs. To help users
complete calls, what must you do?

A. Adjust the URI lookup policy to case nonsensitive.

B. Adjust the URI lookup policy to case sensitive.

C. Adjust the URI lookup policy to case desensitive.

D. Adjust the URI lookup policy to case insensitive.

Answer: (SHOW ANSWER)

NEW QUESTION: 29
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A user is trying to call a mobile phone using the number 547895341, where 5 is the prefix to can
off-net numbers. Calls to mobile phones have worked in past, but now the call does not work.
Which three areas should you check, to resolve the issue? (Choose three)

A. Verify that me PSTN line is connected to the cisco Unified Communications Manager.

B. Verify that the connection to and from the Cisco Unified Border Element is good.

C. Check that Cisco VCS Control and Cisco VCS Express are getting through the firewall.

D. Verify the search pattern.

E. Verify that the Cisco Unified Border Element is running.

F. Verity the route pattern, route list, and route group.

Answer: (SHOW ANSWER)

NEW QUESTION: 30

Partitions can be assigned to which n@@%@ﬁﬁ o ,},} L R =
A. directory numbers

B. IP phones

C. trunks

D. devices

E. gateways

Answer: (SHOW ANSWER)

NEW QUESTION: 31

System A at Company 1 is calling System B at Company 2. The call completes, but only audio
and video are present on System A from System B.

What are three possible causes? (Choose three.)

A. An access list is blocking video and audio somewhere in the video and audio path between
System A and System B.

B. System A has turned off the camera and the microphone.

C. The firewall at Company 1 is blocking outgoing traffic.

D. System A cannot call System B because it is at a different company.

E. There is a firewall in the path that is blocking audio and video traffic from Company 1 to
Company 2.

Answer: (SHOW ANSWER)
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NEW QUESTION: 32

Which two tasks are performed by the RAS signaling function of H.225.0? (Select two.)
A. Allows endpoints to create connections between call agents.

B. Performs disengage procedures between endpoints and a gatekeeper.

C. Transports audio messages between endpoints.

D. Performs bandwidth changes.

Answer: (SHOW ANSWER)

NEW QUESTION: 33

You have installed a Cisco Unified IP 8831 Conference Phone that is failing to register.
Which two actions must you take to troubleshoot the problem? (Choose two)

A. Verity that the correct drivers are installed on the switch port of the phone.

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

C. Check the RJ-65 cable.

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

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

F. Disable HSRP on the access layer switch.

Answer: (SHOW ANSWER)

NEW QUESTION: 34

An engineer configured Cisco Extension Mobility for a user. The user can log in to the profile but
notices that the extension is not correct. Which component should the engineer check first to
verify the user extension?

A. Phone Service

B. SIP Profile

C. User Profile

D. Device Profile

E. UC Service

Answer: (SHOW ANSWER)

NEW QUESTION: 35

Which database replication value indicates that the server no longer has an active logical
connection to receive database tables?

A. 4

B.3

C.2

D. 1

E.O
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Answer: (SHOW ANSWER)

NEW QUESTION: 36
Refer to the exhibits.

— Pattern Defimition
Ruute Pabtern® T

Rosiste Partiion Inbernal_Pt w
Desonpbson
Rumbegnemg Plas
Reoite Filter
HLFP Precedenos Crefaule -
Resoaroe Prionty Hemespace Network Doms | ¢ jone > .
Reute Class® Crafault 1
Gatemay/Route List® SEP_Trank L
Rgate Opbon 5 Eogte this pattemm

Black thiipatierm| Ir; I'.f.r;.'“ L
Call Classification® Crfftiet £

r " s T F
Allow Device Override [fProvade Sutsida DiaiTone | Allow Overlap Sending Wirgent Priorty

— Purge and Block SAF CCD Learned Routes Information
Lesrnad Patern FHWH

Learned Pattern Prefix
Remote Call Control Tdentity

Remote [P

Assume that all learned SAF routes are placed in the SAF_Pt partition. The 3XXX directory
number pattern is being advertised by a remote cluster and is also being blocked by the local
cluster that is shown in the exhibit. An IP phone is attached to the local cluster and is configured
with a CSS that contains the following partitions: SAF_Pt and Internal_Pt in this order. When the
IP phone places a call to 3001, what will occur?

A. The call will fail because it will be blocked by the CCD Blocked Learned Route configuration.
B. The call will be placed in a round-robin fashion between the SAF network and SIP_Trunk.

C. The call will placed in a round-robin fashion between the SAF network and SIP_Trunk.

Every other call will fail.

D. The call will succeed and will be placed via the SIP_Trunk.

Answer: (SHOW ANSWER)

NEW QUESTION: 37

Endpoint A is registered to Cisco Unified Communications Manager as S1@company.com.

It is trying to call Endpoint B, which is registered to the same company's Cisco VCS Control with
an H.323 ID of S2.internal@company.com. The route pattern is set to "*.*" and is pointed to a SIP
trunk to the Cisco VCS Control. The search rule for (.*).internal@company.com is set to search
the local zone. The call does not work. What is a possible reason?

A. The Cisco VCS Control is missing the Cisco Unified Communications Manager interop option.
B. The Cisco VCS Control should be neighbor to the Cisco Unified Communications Manager.

C. The Cisco VCS Control is missing the interworking option.

D. There is no search pattern to route the call to System B.

E. There is no valid route pattern to route from System A to System B.
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F. You need an MGCP gateway to route from the Cisco Unified Communications Manager to the
Cisco VCS Control.

G. System B is registered as H.323 and needs to use an E.164 alias number only.

Answer: (SHOW ANSWER)

NEW QUESTION: 38

Two phones in the same cluster and at the same site have a call currently connected. The site
local H.323 PSTN gateway loses connection with Cisco Unified Communications Manager. Which
two results do you expect? (Choose two.)

A. SRST is active, and all the phones enter SRST mode.

B. Cisco Unified SRST is able to receive incoming calls.

C. The current call is not disconnected.

D. The phones display "CM Fallback Service Operating."

E. No incoming and outgoing calls are possible.

Answer: (SHOW ANSWER)

NEW QUESTION: 39

A company has a headquarters and a remote site. Cisco Unified Communications Manager
(CUCM) acts as a DHCP server. Both sites use their local voice gateways tor PSTN calls.

At the headquarters site, the PSTN prefix is 9, and the emergency number is 911. At the remote
site, the PSTN prefix is 0, and the emergency number is 112. Here are the deployment policies
for roaming devices:

* Softphones can roam between two sites.

* A roaming softphone uses the local gateway for all PSTN calls.

* The user keeps home dial habits on a roaming softphone, with the exception of the emergency
number.

When a headquarters user uses a softphone at the remote site, prefix 9 can be used to make
PSTN calls via voce gateway in the remote site, but emergency number 112 does not work.
Which setting on CUCM should be checked?

A. Physical Location

B. Device Mobility Info

C. Device Mobility Group

D. DHCP subnet

Answer: (SHOW ANSWER)

NEW QUESTION: 40
DRAG DROP
Drag the network-related video issue on the left to its root cause on the right.
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One-way audioorvideo § [ | [0 | . [ Different system manufacturers

Pixelation, smearing or pulsing = | =} s e Firewal with packet inspection enabled

Degraded video qualty Very high noise level

Codec no self-view Packet loss

Echo issues Main source is not main camera
Answer:
One-way audio or video " | i ‘ ﬂ Pixelation, smearing or pulsing
e e g e Ty e e e e - | | |
: : . . ¥ & : 4
Pixelation, smearing or pulsing B Codec no self-view
———— e e e e e e e ==
| Degraded video qualty I One-way audio or video
i
Codec no self-view Echo issues
Echo issues Degraded video qualty

NEW QUESTION: 41
Refer to Exhibit:

2015/02/09 11:13:27.672|SIPLI0[TCP|IN|10.1.5.25(506 0|SEP&478ACE7 1D1F(10.1.111.3|50740]1,100, 14,146 3610.1.111.3*[173]8478ace 7- 18 1AD0GM311 b7 Ba-4507522 1b@70.1.111.3|INVITE

2015/02/09 11:13:27.672|SIPL|0[TCP|OUT|10.1.5.25(5060|SEPE478ACET1D1F(10.1.111.3/50740|1,100, 14,146 36410.1.111.34(174|8473ace7-1d 110006-43(1b7ba-456775210@10.1.111.3(100 Trying
2015/02/09 11:13:29.371|CCISETUP|23329196/23329197]2001/2003/2003 - .

2015/02/09 11:13:29.438|SIPL|23329197|TCP|OUT[10.1.5 25|5060|SEP6 4AEOCF7BCT79|10.1.111.2/49499]1,100, 14,1 12/*4*| 186|b9a7d800-4d9 -9 19050 10a@10.).15 25[INVITE

2015/02/09 11:13:29.439|CC|OFFERED|23329196]23329197|2001|2003]2003|SEP847 8ACE7 1D 1F|SEPG4AEOCF7BCT9

2015/02/09 11:13:29.530|SIPL|23329197|TCP|IN|10.1.5.25]5060|SEP64AEOCF7BC78(10.1.111.2|48499]1,100, 14,119.25%10.1:111.2%1] 188/ 0937 d800-40d9106 d9-8-190560 10a@10.1.5.25[100 Trying

2015/02/09 11:13:29.667|SIPLI23329197|TCP|IN|10.1.5.25]5060|SEPG4AEOCF7BC79(10.1.111.2|149499]1,100,14,149.26*10.1.141.2"*]191|b9a7 d800-449106 d9-9-190560 10a@10.1.5.25/180 Ringing
2015/02109 11:13:29.670|SIPL|23329196[TCP|OUT|10.1.5 2515060/ SEP847SACET1D1F(10,1.111.3|507.40}4, 100,14, 119.2610,1.111.24*|192|84783ce7-1d110006-4311697b3-45575210@10.1.111.3[180 Ringing
2015/02/09 11:13:38.651|SIPLI23329196/TCP|IN|10.1.5.2515060|SEP8478ACET 1D1F|10.1.111.3150740}, 100,14, 146.4510.1.111.3+195/84 78ace7-1d110006-4311070aa-45075216@10.1.11 1.3|CANCEL
2015/02/09 11:13:38.651|SIPL|23329196]TCP|OUT|10.1.5 25|5060|SEP847 8ACE7 1D1F|10.1.114 3(507 40| 1,100/14,146.45"10.1.111.3**|196|8478ace7-1d110006-431b»7ba-4575216@10.1.111.3/200 OK
2015/02/09 11:13:38.670SIPL|23329197|TCP|OUT|10.1.5.25|5060|SEP6 4AEOCF7BC7940:1. 111.2]4949911,100, 14,146 4510.1.111.34*|197| 0927 d800-4d9106 d9-9-190050 10a@10.1.5.25| CANCEL

2015/02/09 11:13:38.67 1|SIPLI23329196]TCP|OUT[10.1.5.2515060|SEP8 47 SACEZ4D1F[10:1.111.3]507.40(1,100,14,146.45"10.1.111.34*[198|84 78ace7-1d110006-4311037ba-45075210@10.1.111.31487 Request Cancelled
2015/02/09 11:13:38.772ISIPLI23329196|TCP|IN|10.1.5.25|5060|SEP847 8ACET 1D 1FI10.1,141.3150740(1, 100, 14,146.46"10.1.111.34"| 199|84 78ace7-1d110006-431107023-450752106@10.1.111.3[ACK
2015/02/09 11:13:38.774|SIPL|23329197|TCP|IN|10.1.5 25|5060|SEP4AEQCFTECT9[0.1.111.2/49499]1,100,14,119.2710.1,111.2"*|200| 5937 d800-409106 d9-3-190560 10a@10.1.5.25/200 OK

2015/02/09 11:13:38.775|CCIRELEASE|23329196]23320197]16

2015/02/09 11:13:38.851|SIPL|23329197|TCP|IN|10.1.5.25|5060|SEPB4AEOCF7BC79[10.1.111.2/49499]1,100,14,119.2810.1.111.2"|201|59a7 dB00-4¢9106 d9-9-190560 10a@10.1.5.25[487 Request Cancelled
2015/02/09 11:13:38.851|SIPL|23329197|TCP|OUT|10.1.5.25|5060|SEPE 4AEOCF7BCT79[10.1.111.2]49499]1,100,14,119.28*10.1.111.2+*|202|b9a7 dB00-4d9106 d9-9-190050 10a@10.1.5.25|ACK

What protocol was used in this call?
A. MGCP

B. SCCP

C. H.323

D. SIP

Answer: (SHOW ANSWER)
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NEW QUESTION: 42
Refer to the exhibit.

Destination Profile s Destinati
Name |Adam Cell Phone

Destination Number* [¢085556016

Line [1] - 3500 in PT_Internal

Owner User ID* [amckenzie

E Enable Unified Mobslity features
Remote Destination Profile™® [Famn

single Number Reach Voicemail Policy ™ IUse System Default E

[+ Enable Single Number Reach
Ring this phone and my business phone at the same time when my business line(s) s dialed.
[J Enable Move to Mobile
If this is & mobile phone, transfer active calls to this phone when the mobility button on your Cisco TP Phone is pressed,
[ Enable Extend and Connect
Allow this phone to be controlled by CTI applications (e.g. Jabber)
CTI Remote Device ™ |- Not Selected e

A CUCM user has been configured to use the Mobility feature and is expecting their home phone
408-555-6016 to ring simultaneously when their office phone is called. What configuration change
needs to be made to allow this happen?

A. Select the Line Association check box.

B. Select the Enable Move to Mobile check box.

C. Deselect the Enable Single Number Reach check box.

D. Select the Enable Extend and Connect check box.

Answer: A (LEAVE A REPLY)

NEW QUESTION: 43
Which two components can be software upgraded via Cisco TelePresence Management Suite?
(Choose two.)
A. endpoints that are registered by Cisco Unified Communications Manager
. endpoints that are registered by a partner company
. endpoints that are provisioned by Cisco TelePresence Management Provisioning Extension
. endpoints that are managed by Cisco TelePresence Management Suite
. unmanaged endpoints
Answer: (SHOW ANSWER)

mooOm

NEW QUESTION: 44
Refer to the exhibit.
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Region: BR

Region: HQ

Software F ' -
Conference . ’
Bridge:
G.711 only HQ_MRGL BR_MRGL Q
HO_MRG

Region: HQ

-
Y

Region: HQ . _——

Repion Configuration: Remote Site
Within HQ: G.711

HQto BR: G.729

Within BR: G.711

Main Site Transcoder

When a call between two HQ users was being conferenced with a remote user at the BR site, the
conference failed. Which configuration would be needed to solve the problem?

A. Enable the software conference bridge to support G.711 and G.729 codecs in Cisco Unified
Communications Manager service parameters.

B. A transcoder should be configured at the remote site and assigned to all remote phones
through the BR_MRGL.

C. The HQ_MRG must contain the transcoder device. The HQ_MRGL must be assigned to the
HQ phones.

D. The HQ_MRG must contain the transcoder device. The HQ_MRGL must be assigned to the
software conference bridge.

E. The BR_MRG must contain the transcoder device. The BR_MRGL must be assigned to the BR
phones.

Answer: (SHOW ANSWER)

NEW QUESTION: 45
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Refer to the exhibit. A customer has two Cisco Unified Communications Manager clusters (NY
and CAL). The customer recently tried to enable intercluster communication between these
clusters. When NY users call CAL, they get a fast-busy tone. A network administrator collects
Cisco CallManager traces and sees the displayed SIP message coming from the remote Cisco
Unified Communication Manager (CAL cluster). What is a likely reason for this?

A. The remote Cisco IP phone is not registered.

B. Cisco CallManager service is shut down on the CAL cluster.

C. The SIP trunk on the CAL cluster is configured incorrectly.

D. The SIP service is shut down on the CAL cluster.

E. Cisco CTl Manager service is shut down on the CAL cluster.

Answer: (SHOW ANSWER)

NEW QUESTION: 46

Refer to the exhibit. A Cisco Unified Communications Manager engineer configured CCD in two
clusters. The patterns were successfully learned, however, the call attempt from the cluster 1
agent to the cluster 2 agent fails. Based on the output of this cluster 1 trace, what is the root
cause of the issue?

A. The Activated Feature check in the CCD Requesting Service configuration is missing

B. The CSS is missing from the phones and line configuration
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C. The pattern that was dialed has been added to the Blocked Learned Pattern configuration
D. The CCD partition is missing from the CCD Requesting Service configuration
Answer: (SHOW ANSWER)

Valid 300-080 Dumps shared by ExamDiscuss.com for Helping Passing 300-080 Exam!
ExamDiscuss.com now offer the newest 300-080 exam dumps, the ExamDiscuss.com
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NEW QUESTION: 47

When users in headquarters call branch office users over the WAN link, branch users report poor
audio quality. Headquarters users consistently experience acceptable audio quality. Which
troubleshooting approach most directly improves the audio quality of the branch users?

A. Make the headquarters router configuration for LLQ match the branch router.

B. Make the headquarters router configuration for CBWFQ match the branch router.

C. Make the branch router configuration for CBWFQ match the headquarters router.

D. Make the branch router configuration for LLQ match the headquarters router.

Answer: (SHOW ANSWER)

NEW QUESTION: 48

Refer to the exhibit. Calls from Phone 1 (85541234), which is registered to Cluster A, are failing to
Phone 2 (84431234), which is registered to Cluster B.

The exhibit was taken from Cluster B. What are two possible root causes for this problem?
(Choose two.)

A. Incoming calling search space on the Cluster B SIP trunk is misconfigured.
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B. The calling search space on the Cluster A SIP trunk is misconfigured
C. A translation pattern is misconfigured on Cluster B.

D. Cluster A is missing a route pattern to reach Cluster B.

E. Cluster B is missing a route pattern to reach Cluster A

Answer: B,D (LEAVE A REPLY)

NEW QUESTION: 49

Refer to the exhibit.

hostname HQ
I

cardtypeel 00

|

network-clock-participate wic 0
!

isdn switch-type primary-net5

I

voice-card 0

1

sccp local GigabitEthernet0/0.110
sccp cem 10.1.5.10 identifier 1 version 7.0
scCp

|

sccp ccm group 1

associate com 1 priority 1

associate profile 1 register HQ_Conf
I

dspfarm profile 1 conference
maximum conference-participants
shutdown

HQ{config-dspfarm-profile# maximum sessions §
N

% Invalid input detected at '~ marker.

HQ(eonfig-dspfarm-profile)}#maximum sessions ?
=(-0> MNumber of sessions assigned to this profile

When the user tried to configure the command maximum sessions 5 under the dspfarm profile 1,
the error shown in the exhibit was reported. Which course of action will resolve this issue?

A. Ensure that the conference bridge is not registered in Cisco Unified Communications Manager.
B. Configure the dspfarm all command under the voice card.

C. The maximum conference-participants value must be configured >0.

D. The command dsp services dspfarm must be configured under the voice-card configuration.
Answer: (SHOW ANSWER)
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NEW QUESTION: 50
In a single-site deployment model, the intemal e&%%-ﬁ&% dial from one to the other. What

are two possible causes? (Choose tig.y € €
A. The called endpoint is not in the partition of the calling endpoint.

B. The PSTN gateway is not configured.

C. The calling endpoint is not in the CSS of the called endpoint.
D. The calling endpoint is not configured for the correct CoS.

E. The called endpoint does not have the SIP trunk enabled.

F. The called endpoint is not registered.

Answer: (SHOW ANSWER)

NEW QUESTION: 51

Two Cisco Unified Communications Manager clusters have recently been installed. One is in
Tokyo and the other in Chicago connected by a WAN link. You have started the configuration of a
SIP trunk and you are integrating the dial plans. All phones in Tokyo can call all phones in
Chicago, but no phones in Chicago can call Tokyo phones. Which two statements are possible
causes? (Choose two.)

A. The Tokyo SIP trunk inbound CSS does not contain the partition of the Tokyo phones.

B. The CSS of the Chicago phones does not include the partition of the route pattern to point to
Tokyo.

C. The SIP trunk is configured from Tokyo to Chicago, but not from Chicago to Tokyo.

D. The SIP trunk in Chicago is in a CSS that is not in the partition of the Chicago phones.

E. Tokyo phones are in a CSS that is not in the partition of the route pattern to call from Tokyo to
Chicago.

Answer: (SHOW ANSWER)

NEW QUESTION: 52

Which two fields are required parameters when manually creating users on Cisco Unity
Connection with predefined templates? (Choose two.)

A. first name and last name

B. extension

C. username (alias)

D. title

E. employee ID

Answer: (SHOW ANSWER)

NEW QUESTION: 53
Refer to the exhibits.
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[ Learned Pattern

SelectaNode CUCMS01Pub1 v

___Pattem TimeStamp Status Protocol Agentid IP Address ToDID
130X 2010004103 13.55:55 Reathable SiP CiD10.1.5.11 10.1.5.11(5060) 0:+44228822
190K 2010004103 13.55.55 Reathable H323 CID10.1.511 10.1.511(54532) 0:+44228822
|
— Pattern Definition
Route Pattern™ INKK
Route Partition Internal_Pt bl
Description |
Numbering Plan
Route Filter
MLPP Precedence® Default ¥
Resource Priority Namespace Nétwork Domain | <« None > v
Route Class™* Default Y.
Gateway/Route List* SIP_Trunk v | (Edit)
Route Option O Routs this pattern
® Block this pattern | No Error v
Call'Classification” offet” v
[] allow Device. Override [¥lProvide Outside Dial Tone [ Allow Overlap Sending EUrgent Priority
[:]Requirs Forced Authorizatian Code
Authorization Level® 0

Assume that all learned SAF routes are placed in the SAF_Pt partition. An IP phone CSS
contains the following partitions in this order: Internal_Pt, SAF_Pt. When the IP phone places a
call to 3001, what will occur?

A. The call will fail because it will be blocked by the route pattern.

B. The call will be placed in a round-robin fashion between the SAF network and SIP_Trunk.
Every other call will fail.

C. The call will be placed in a round-robin fashion between the SAF network and SIP_Trunk.

D. The call will succeed and will be placed via the SAF network. SAF-learned routes always take
precedence.

Answer: (SHOW ANSWER)

NEW QUESTION: 54
ACME Corporation is deploying a new voice gateway. The network administrator is trying to
configure the ISDN PRI T1 cards. However the router does not accept the controller t1
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0 /0/0 command. The administrator sees this error message: "% Invalid input detected at '
marker." To diagnose this problem, which two commands should the administrator use?
(Choose two.)

A. Use the feature activate isdn command

B. Use the clock source line command

C. Use the show inventory command

D. Use the card type t1 command

E. Use the show call active voice brief command

Answer: (SHOW ANSWER)

NEW QUESTION: 55

In a Cisco Unified Communications Manager (CUCM) cluster, you receive a Database
Communication Error when you attempt to login to the Publisher server. You need to resolve this
issue.

Which two solutions should you try to resolve this issue? (Choose two.)

A. Restart the DNS service in the cluster.

B. Restart the DBL service on the publisher.

C. Modify the hostname for all Subscriber nodes in the cluster.

D. Revert the changes for hostname or |IP address on the Publisher server.

E. Verify and ensure that the replication is working on all nodes in the cluster.

F. Reboot all nodes in the cluster.

Answer: (SHOW ANSWER)

NEW QUESTION: 56

You recently configured a system for B2B SIP URI calls, and users confirmed that they could
make calls. You are receiving multiple reports that inbound calls are failing and that users are not
receiving calls to their URI. You confirm that all zones between expressways are active, and the
trunk between Cisco Unified Communications Manager and Cisco VCS Expressway is active.
You also see that the inbound call is sent from Cisco VCS Expressway C to Cisco Unified
Communications Manager. Why are the calls failing?

A. The certificate is not valid.

B. The cluster FQDN was not set in Enterprise Parameters.

C. The FQDN was not registered in DNS.

D. The Cisco Unified Communications Manager FQDN was not set.

E. The cluster FQDN was not set in Service Parameters.

Answer: (SHOW ANSWER)

NEW QUESTION: 57

You have been presented with a trouble ticket from an end user who works at a remote location
that is served by a Cisco Unified Communications Manager Express. The user reports being
unable to place calls to international numbers, but all other calls work properly and other users at
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this location can place international calls. Which two troubleshooting techniques would be helpful
in resolving this issue? (Choose two.)

A. Cisco IOS debug tools

B. Class of Restriction baseline configuration for the user on Cisco Unified Communications
Manager Express

C. show output of the voice translation rules in the voice gateway

D. show output for the T1 controller and voice port configuration in the voice gateway

E. show output of the ephone and ephone-dn configurations

Answer: (SHOW ANSWER)

NEW QUESTION: 58
Refer to the exhibit, which displays the output of the debug ccsip messages command on a Cisco
router.

What is the negotiated dual tone multifrequency on this call?
A. h245-signal

B. h245-alphanumeric

C. sip-notify

D. sip-kpml

E. rtp-nte

F. cisco-rtp

Answer: (SHOW ANSWER)

NEW QUESTION: 59

You must integrate a third-party H.323 system with your existing Cisco Unified Communications
Manager cluster. When you create an H.323 trunk from the cluster, calls from the cluster to the
third-party H.323 system are failing. The vendor of the third-party

H.323 device has confirmed that the H.323 call setup time must be reduced. Which two
approaches reduce the call setup time from Cisco Unified Communications Manager to the third-
party H.323 device? (Choose two.)

A. Implement transcoding with the Cisco Unified Communications Manager resources.

B. Implement transcoding with the router DSP resources.

C. Implement a hardware MTP.

D. Implement a software MTP.

Answer: (SHOW ANSWER)
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NEW QUESTION: 60

John Johnson is trying to leach Jane Smith at net Cisco Untied IP phone by dialing net directory
URI, but the call fails. What are two possible reasons for the call failure? (Choose two) Refer to
the exhibit.

A. Cisco Unified Communications Manager is blocking the call.

B. The CSS that is used by John's Cisco Jabber device does not contain the partition to teach
Jane's endpoint.

C. Jane's endpoint does not support blended addressing.

D. The dialed directory URI and the provisioned directory URI do not match.



E. The directory URI should not be entered under the user configuration page Instead, the
directory URI should be entered directly into Jane's line configuration page.

F. Cisco Unified Communions Manager matched the host portion of Jane's URI to a SIP trunk
and fouled the call to another cluster.

Answer: (SHOW ANSWER)

NEW QUESTION: 61

In Cisco Unified Communications Manager, what is the default maximum number of learned
patterns for the call control discovery feature parameter?

A. 500

B. 50000

C. 20000

D. 5000

E. 10000

Answer: (SHOW ANSWER)

Valid 300-080 Dumps shared by ExamDiscuss.com for Helping Passing 300-080 Exam!
ExamDiscuss.com now offer the newest 300-080 exam dumps, the ExamDiscuss.com
300-080 exam questions have been updated and answers have been corrected get the
newest ExamDiscuss.com 300-080 dumps with Test Engine here:
https://www.examdiscuss.com/Cisco/exam/300-080/premium/ (340 Q&As Dumps, 35%OFF

Special Discount Code: freecram)

NEW QUESTION: 62

You have an endpoint registration problem with VCS, and the event log reason of

"unknown domain". The domain names that your endpoints are using to register with must be
added to this list. Where do you check the list of defined domains?

A. VCS configuration > Protocols > SIP > Domains

B. VCS configuration > Domains > SIP

C. VCS configuration > Protocols > SCCP > Domains

D. VCS Domains > Protocols > SIP

Answer: (SHOW ANSWER)

NEW QUESTION: 63

Phone A is able to dial the directory number of Phone B and complete a call. However, when
Phone B dials the directory number of Phone A, Phone B receives a fast-busy tone.

What is causing this issue?

A. Phone B is not registered.

B. Phone A and Phone B are in different partitions.
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C. Phone B has the incorrect CSS to dial Phone A.

D. Phone B does not have the CSS of Phone A in its partition.
E. Phone B is not in the CSS of Phone A.

F. Phone B does not have Phone A in its partition.

Answer: (SHOW ANSWER)

NEW QUESTION: 64

After you deploy cisco Unified communications Manager Device Mobility across a VPN
connection with Cisco Unified IP phones, users in remote locations report one-way audio issues.
Which two actions can you take to locate the problem? (Choose two.)

A. Verify that users at the remote locations are connecting to the closest enterprise VPN
concentrator.

B. Verify that the firewall is allowing RTP traffic flow.

C. Verify that the VLANSs at remote locations are configured correctly.

D. Verify that the Cisco |IOS devices on the VPN support audio connections.

E. Verify that DMI is configured with the correct IP subnets.

Answer: (SHOW ANSWER)

NEW QUESTION: 65

You have configured a new MGCP gateway on your Cisco Unified Communications Manager
servers but the endpoints are shown with status "None".

What are two possible solutions for this registration issue? (Choose two)

A. Configure the voice-VLAN interface of the MGCP gateway with mgcp-gateway voip interface
command to set the source IP address of the MGCP packets correctly.

B. Ensure that you have configured the mgcp call-agent command with the Cisco Unified
Communications Manager server address or hostname.

C. Ensure that you have configured the ccm-manager call-agent command with the correct Cisco
Unified Communications Manager server address or hostname.

D. Enable the endpoint voice interface for backhauling in interface configuration mode with the
isdn bind-I3 ccm-manager command

E. Activate the MGCP Feature service on all call-processing servers in the cluster.

Answer: (SHOW ANSWER)

NEW QUESTION: 66

Of the following persistent settings for Cisco TMS-controlled endpoints, TMS overwrites these
settings if which five of them are altered on the endpoint? (Choose five.)

A. Configuration Template

B. IEEE 802.1x Authentication Password

C. System Name

D. System Contact

E. SIP URI
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F. Active Cisco Unified Communications Manager Address
G.H.323 ID

H. E.164 alias

Answer: (SHOW ANSWER)

NEW QUESTION: 67

What is the maximum number of characters that you can use in Service Advertisement
Framework (SAF) forwarder name?

A. 50

B. 20

C. 40

D. 30

E. 60

F. 10

Answer: (SHOW ANSWER)

NEW QUESTION: 68
Refer to the exhibit.

&4 111 57 03/31/09 +14085552001

i L ' o

You are not a valid Mobile Phone User

Press Exit to Return

Which course of action will resolve the Mobile Connect issues that are shown in the exhibit?
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A. Make the user an owner of the phone device in the phone device configuration page.
B. Enable the user for Cisco Mobile Connect.

C. Configure the Mobility softkey on the phone.

D. Enable the device mobility mode on the phone since it is disabled.

Answer: (SHOW ANSWER)

NEW QUESTION: 69

Which two protocols are required for a Cisco 8800 series IP phone to successfully register with
CUCM? (Choose two)

A. SCCP

B. DHCP

C.SIP

D. LLDP

E. TFTP

F. CDP

G.HTTP

Answer: (SHOW ANSWER)

NEW QUESTION: 70

You have 50 hardware MTP resources and 200 ﬁ%@&ces You want to use hardware
resources first, but software is heingﬁqﬂ@% r&’Can you confirm the MTP selection order?

A. Cisco Unified Real-Time Monitoring Tool

B. MTP list

C. Media Resource Group List
D. MGCP gateway

E. calling search space

F. phone device pool
Answer: (SHOW ANSWER)

NEW QUESTION: 71

In a SIP direct call setup, the originating UAC sends what message to the UAS of the recipient?
A. OK

B. INVITE

C. RINGING

D. ACK

Answer: (SHOW ANSWER)

NEW QUESTION: 72
Refer to the exhibit.
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Users are reporting that inbound calls from the PSTN are dropping when not answered within 10
seconds. Calls come in via ISDN T1 PRI. Which configuration change is needed to prevent the
calls from dropping?

A. Modify the Call Forward No Answer setting in CUCM to redirect calls to Voicemail or another
extension.

B. Remove the timeouts initial 10 command from under the voice-port.

C. Remove the timer receive-rtp 10000 command from under the gateway.

D. Remove the timeouts wait-release 10 command from under the voice-port.

E. Remove the timer receive-rtcp 2 command from under the gateway.

Answer: (SHOW ANSWER)

NEW QUESTION: 73

Upon completion of a failover task you notice that all the CTI devices are still pointing to the
backup server rather than the primary server. How should you resolve this issue?

A. Stop the CTI Manager Service on the Secondary server so that all devices using CTI register
with the primary.

B. Restart the subscriber with the CTl Manager Service on the secondary.

C. Do nothing and wait for the next failover assuming this will revert back to the primary CTI
server.

D. Stop the CTI Manager Service on the Primary server so that all devices using CTI stay
registered with the primary CTI server.

Answer: (SHOW ANSWER)

NEW QUESTION: 74

Which command is used on an 10S Router that is acting as a SAF Forwarder to confirm its
registration status with a SAF Client?

A. show ip asf-forwarder status details

B. show ospf neighbor details

C. show service-family asf-forwarder details

D. show ip interface details

E. show eigrp service-family ipv4 clients details
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F. show cdp neighbor details
Answer: (SHOW ANSWER)

NEW QUESTION: 75

When the command utils dbreplication status is executed on the Cisco Unified Communications
Manager CLI, which step should be taken next to check the database replication status?

A. The command utils dbreplication runtimestate must be run on the subscriber.

B. The command utils dbreplication runtimestate must be run on the publisher.

C. Restart the Cisco CallManager service.

D. Run the same command on all nodes of the cluster.

E. View the activelog file.

Answer: (SHOW ANSWER)

NEW QUESTION: 76

Which Cisco Unified Communications Manager troubleshooting tool can be used to determine the
digit manipulation path a call takes within the Cisco Unified Communications Manager system
from the perspective of a specific directory number, without having the actual device at hand?

A. Cisco Unified Communications Manager Real Time Monitoring Tool

B. Cisco I0S debugs

C. Cisco Unified Syslog Viewer

D. Cisco Unified Communications Manager Dialed Number Analyzer

E. Cisco Unified Communications Manager Serviceability

Answer: (SHOW ANSWER)

Valid 300-080 Dumps shared by ExamDiscuss.com for Helping Passing 300-080 Exam!
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Special Discount Code: freecram)

NEW QUESTION: 77

When a remote endpoint dials in to join a conference that is configured on a Cisco TelePresence
Server bridge, the endpoint receives only audio. Other users can successfully join the call with
Voice and Video. What is causing this issue?

A. The bridge is out of all licenses.

B. The bridge is not able to host video calls.

C. The endpoint is assigned a region without enough configured bandwidth for video.

D. The endpoint does not have the partition of the bridge in its CSS.
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E. The endpoint does not have the multisite option installed.
Answer: (SHOW ANSWER)

NEW QUESTION: 78

When a user attempts to log out from Cisco Extension Mobility service by pressing the services
button and selecting the Cisco Extension Mobility service, the user is not able to log out. What is
causing this issue?

A. The logout URL that is defined for the Cisco Extension Mobility service is incorrect or does not
exist under the IP Phone Services configuration.

B. The Cisco Extension Mobility service has not been configured on the phone.

C. The CTI service is not running.

D. The user device profile is not subscribed to the Cisco Extension Mobility service.

Answer: (SHOW ANSWER)

NEW QUESTION: 79

You are troubleshooting video quality issues on a Cisco TelePresence TX9000 Series system.
Which CLI command shows the total number of lost video packets and the received jitter during a
call in progress?

A. show call statistics all

B. show call statistics video detail

C. show call statistics video

D. show call statistics detail

Answer: (SHOW ANSWER)

NEW QUESTION: 80

Which call control model does MGCPRaise 2 e 1 a L PLE
A. Ad hoc

B. Distributed

C. Centralized

D. Hybrid

Answer: (SHOW ANSWER)

NEW QUESTION: 81

After you deploy cisco Unified Commutations Manager Device Mobility in your environment, you
note that phones in a remote site are failing to register. Which two actions correct the problem?
(Choose two.)

A. Verify that the phones are attempting to register with the correct mega cluster in the device
pool of the central office.

B. Verify that the remote site is assigned to the device mobility group that matches its dialing
pattern.

C. Verify that extension mobility is configured correctly for the remote site.
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D. verify that the subnet of the remote site is configured in device mobility info.
E. verify that the LDAP server is configured to support device Mobility at the remote site.
Answer: (SHOW ANSWER)

NEW QUESTION: 82
What does this trace indicate?
Refer to the exhibit.

A. a disconnected call

B. an interrupted call setup
C. a failed call setup

D. a completed call setup
Answer: (SHOW ANSWER)

NEW QUESTION: 83

When viewing the configuration of Intercluster Lookup Service, this command is used to look up
the URI of a remote cluster user:

Admin:utils ils lookup user1@acme.com

Routing string is cucm.cisco.com

Which configuration is required on Cisco Unified Communications Manager, in order to allow
routing calls to the URI of this remote cluster user?

A. SIP trunk with destination cucm1.cisco.com

B. SIP route pattern for domain*cisco.com

C. SIP route pattern for domain*.acme.com

D. end user with directory URI user1i@acme.com

Answer: (SHOW ANSWER)
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NEW QUESTION: 84
Refer to topology and Exhibits below:

Exh ibit4
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A caII from HQ Phone 1 with the extension of 2001 is dialing a SX20 that is registered to the VCS
in BackBone (not shown). Determine if the call fails and if so, what are the two causes? (Choose
two.)

A. The call succeeds

B. The call fails

C. There are no issues, so the call succeeds.

D. The Local Zone Match Rule state is disabled.

E. The SIP port is incorrect on the Cisco Unified Communications Manager SIP trunk.

F. Rule name UCM2 is set to stop on Match.

Answer: (SHOW ANSWER)
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NEW QUESTION: 85

Which issue would cause an MGCP gateway to fail to register with Cisco Unified Communications
Manager?

A. misconfigured route group in Cisco Unified Communications Manager

B. mismatched domain name on the MGCP gateway and Cisco Unified Communications
Manager gateway configuration

C. incorrect MGCP IP address specified in the gateway configuration in Cisco Unified
Communications Manager

D. missing the configuration command isdn bind-I3 ccm-manager under the ISDN interface
Answer: (SHOW ANSWER)

NEW QUESTION: 86

In Cisco Unified Communications Manager (CUCM), the primary Service Advertisement
Framework (SAF) forwarder is deleted from the database.

If there were total of three SAF forwarders configured, which two will happen next?
(Choose two.)

A. Through an election, the backup and the third SAF forwarder will be designated as primary
SAF forwarder.

B. The third SAF forwarder will become the primary SAF forwarder.

C. The third SAF forwarder will become the backup SAF forwarder.

D. You need to desinate the backup SAF forwarder as the primary SAF forwarder.

E. The backup SAF forwarder will automatically become the primary SAF forwarder.

F. CUCM will wait for the primary SAF forwarder to come alive.

Answer: (SHOW ANSWER)

NEW QUESTION: 87

A user is dialing an external PSTN number with a prefix of 01 from a Cisco TelePresence SX10
Quick Set in a Cisco VCS environment. In the past, the Cisco VCS and the ISDN gateway were
correctly configured with a prefix of 01, but the calls are now failing. What are three possible
causes? (Choose three.)

A. ISDN is not enabled on the Cisco TelePresence SX10.

B. The SIP trunk is not configured on the gateway.

C. The Cisco TelePresence SX10 is not registered to the Cisco VCS Control.

D. The audio feature in the Cisco TelePresence SX10 is turned off.

E. The Cisco TelePresence SX10 is not registered to the Cisco Express C.

F. 01 is not a valid prefix.

G. The Cisco VCS Control is down.

H. The interworking setting is turned off.

Answer: (SHOW ANSWER)

NEW QUESTION: 88
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In a Cisco UCM multisite WAN with centralized call-processing deployment model, what
redundancy feature should be configured on remote site routers to supply basic IP telephony
services in the event of a WAN outage?

A.CAC

B. SRST

C. V3PN

D. AAR

Answer: (SHOW ANSWER)

NEW QUESTION: 89

You configured a Cisco ISR G2 as a SIP gateway, but the gateway does not show that it is
registered with Cisco Unified Communications Manager. What is causing this issue?

A. Cisco Unified Communications Manager does not show a SIP gateway as registered if it is not
properly configured.

B. Cisco Unified Communications Manager does not support SIP gateways.

C. Cisco Unified Communications Manager never shows a SIP gateway as registered even when
it is properly configured.

D. The Cisco ISR G2 cannot be a SIP gateway.

E. The gateway does not have Cisco Unified Border Element session licensing.

F. The gateway does not have the UC license installed.

Answer: (SHOW ANSWER)

NEW QUESTION: 90
Refer to the exhibit.

Assume a centralized Cisco Unified Communications Manager topology. From the output of the
show policy-map interface command, it can be seen that the voice traffic is experiencing drops.
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The router is configured for low latency queuing and is located at the central site. Which course of
action would rectify this issue?

A. Configure a higher rate bandwidth codec on all voice calls

B. Configure Call Admission Control to limit the maximum calls that are sent to the priority queue.
C. Place the signaling traffic in the priority queue.

D. split some of the excess voice traffic into other queues K avoid oversubscription of the priority
queue.

Answer: (SHOW ANSWER)

Explanation: Link- http://www.iphelp.ru/faq/27/ch07levisec3.html

NEW QUESTION: 91

Which three statements about SAF forwarding are true? (Choose three.)

A. It requires the SAF Forwarders to use the same configuration as the 10S switch.

B. It is supported on IPv4 only.

C. It requires a unique IP address for each SAF Forwarder.

D. It is supported on IPv6 only.

E. It supports DNS and IP addresses.

F. The SAF Forwarder configuration can be updated without connecting to Cisco Unified
Communications Manager.

Answer: (SHOW ANSWER)
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NEW QUESTION: 92

During a business-to-business video call through the Cisco Expressway solution, the internal
endpoint can call out to the remote endpoint on the Internet, but it does not receive audio or
video. The remote endpoint receives both audio and video. What is causing the issue?

A. The firewall is blocking inbound RTP ports.

B. The Cisco Expressway does not have a Rich Media Session license.

C. The Cisco Unified Communications Manager is not configured for business-to-business calling.
D. The firewall is blocking SIP signaling.

E. The Advanced Networking option is not installed on the Expressway Edge.

Answer: (SHOW ANSWER)
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NEW QUESTION: 93

Which Cisco I0S command is used to display information for active connections that are
controlled by the Media Gateway Control Protocol?

A. show mgcp statistics

B. show mgcp endpoint

C. show mgcp nas

D. show mgcp connection

Answer: (SHOW ANSWER)

NEW QUESTION: 94

Which four performance counters are available when monitoring a Cisco MTP device using the
Cisco Unified Communications Manager RTMT? (Choose four.)
A. Out of Resources

B. Resource Active

C. Resource Total

D. MTP Instances Active

E. MTP Streams Active

F. Resource Available

G. Resource Idle

H. MTP Connection Lost

Answer: A,B,C,F (LEAVE A REPLY)

NEW QUESTION: 95

Which command do you use to confirm that a router interlace is enabled for SAP?
. show run

. show eigrp service -family interface

. show eigrp service-family ipv4 client details.

. show ip saf-service-family interface

. show eigrp service-family Ipv4 <AS number interfaces

Mmoo W >

. show ip interface details
Answer: (SHOW ANSWER)

NEW QUESTION: 96

Cisco Unified Mobile Connect has been enabled, but users are not able to switch an in- progress
call from their mobile phone to their desk phone. You find out that the Resume softkey option
does not appear on the desk phone after users hang up the call on their mobile phone. What do
you do to resolve this issue?

A. Issue the voice call disc-pi-off command in the gateway.

B. Enable mobile connect on the user profile.

C. Assign Resume softkey on the desk phone.

D. Issue the progress_ind progress disable command in the gateway.
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Answer: (SHOW ANSWER)

NEW QUESTION: 97

You are troubleshooting media issues during SIP calls on a C-series collaboration endpoint that is
running TC6.3 software. You are asked to recreate the problem and to provide a packet capture
from the endpoint. Which four of the following are required to accurately perform a packet capture
on a C-series endpoint? (Choose four.)

A. Stop the capture by pressing the key combination Ctrl + C.

B. Start the call, and then enter the tcpdump command string to begin the capture.

C. Set the default transport to TCP.

D. Set up administrator access on the endpoint.

E. On the endpoint, set the default transport to TLS.

F. Set up root access on the endpoint.

G. Start the capture by entering the tcpdump command string and then start the call.

Answer: (SHOW ANSWER)

NEW QUESTION: 98

In a SAF deployment, the registration status looks correct and the learned patterns appear
reachable, but calls are not routed. What is causing this issue?

A. network connection failure between the primary and backup SAF Forwarders

B. network connection failure between the SAF Forwarder and Cisco Unified Communications
Manager

C. TCP connection failure with the backup SAF Forwarder

D. TCP connection failure with the primary SAF Forwarder

Answer: (SHOW ANSWER)

NEW QUESTION: 99
Jabber for Windows or MAC Soft Client fails to register with Cisco Unfed Communications

Manager. This excerpt is seen in the client logs.

Which configuration item needs to be adjusted to correct this condition?
A. "KeepAlive_Timer" parameter in jabber-config xml file

B. Unified CM Device Assigned SIP Profile "Timer Register Delta"

C. Unified CM Device Assigned SIP Profile "2XX Expiry Timer"

D. Unified CM Service Parameter "Station KeepAlive Interval"

Answer: (SHOW ANSWER)

NEW QUESTION: 100
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When a caller dials 9 plus an external seven-dig:glffﬁm*?ﬁ%%eam a fast-busy tone after a

period of silence. What is causing th&Sigrgees
A. The T302 timer is waiting to expire.

B. To dial successfully, the caller must enter a Forced Authorization Code.

C. The gateway is not dropping the leading 9, and the PSTN fails.

D. The caller does not have the PSTN partition in the CSS.

E. There is no dial route for 9XXXXXXX on Cisco Unified Communications Manager.
F. The caller dialed the wrong number.

Answer: (SHOW ANSWER)
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