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NEW QUESTION: 1

Refer to the exhibit An engineer is troubleshooting codec negotiation between two Cisco phones
in different branch offices that connect over a WAN Which codec is used for the call?

Content-Type: application/sdp
Content-Length: 254

v=0
0=15196559655IN1P4172.16.1.1
-

c=INIP4172.16.1.1

t=00

m=audio 50024 RTP/AVP80 2 189
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
a=rtpmap:2 G726-32/8000/1
a=rtpmap:18 G729/8000
a=rtpmap:9G72 %{8000
a=ptime:20

a=maxptime:80

a=sendrecv

a=rtcp:50025

Content-Type: application/sdp
Content-Length: 254

v=0

0=15196559655IN1P4 10.10.10.1
S

¢=IN10.10.10.1

=00

m=audio 50024 RTP/AVP 1880 2
a=rtpmap:18 G729/8000
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
a=rtpmap:2 G726-32/8000/1
a=ptime:20

a=maxptime:80

d=sendrecv

8=rtcpi8523
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A. Option C
B. Option D
C. Option B
D. Option A
Answer: (SHOW ANSWER)

NEW QUESTION: 2

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

A. Wait until 10 pm on March 5th when the user is automatically removed from Cisco UCM.

B. Wait until 3 15 a.m. on March 6th for garbage collection to remove the user from Cisco UCM.
C. Wart until 10 pm on March 4th when the user is automatically removed from Cisco UCM.

D. Wait until 315am on March 5th for garbage collection to remove the user from Cisco UCM.
Answer: (SHOW ANSWER)

NEW QUESTION: 3

A customer enters no IP domain lookup on the Cisco I0OS XE gateway to suppress the
interpreting of invalid commands as hostnames Which two commands are needed to restore DNS
SRV or A record resolutions?

(Choose two.)

A. ip dhcp-sip

B. ip dhcp pool

C. transport preferred none

D. ip domain lookup

E. ip dhcp excluded-address

Answer: (SHOW ANSWER)

NEW QUESTION: 4
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Refer to the exhibit. How must the +E.164 translation pattern be configured to reach international
number

4969298107
Pallern= "+ 436929810, CS5=Unresiricted-C55, PreDol, Prefix=777011

Pattern=\+.777011496929810, CSS=Inll_CSS

Pattern= \+.011496929810, CS3=Global-CSS, PreDol, Prefix=T777

Paltern= \+.496929810, CSS=Inll_CSS. PreDol. Prefix=777011
A. Option A

B. Option B
C. Option D
D. Option C
Answer: (SHOW ANSWER)

NEW QUESTION: 5

Which command in the MGCP gateway configuration defines the secondary Cisco UCM server?
A. mgcpapp

B. ccm-manager fallback-mgcp

C. mgcp call-agent

D. ccm-manager redundant-host

Answer: (SHOW ANSWER)

NEW QUESTION: 6
What is the traffic classification for voice and video conferencing?
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A. Voice is classified as CoS 5, and video conferencing is CoS 4.
B. Voice is classified as CoS 4, and video conferencing is CoS 5.
C. Voice and video conferencing are both classified is CoS 3.

D. Video conferencing is classified as CoS 1, and voice is CoS 2.
Answer: (SHOW ANSWER)

NEW QUESTION: 7

What are two QoS requirements for VolIP traffic?
A. Voice traffic must be marked to DSCP AF41.

B. Average one-way jitter is greater than 50 ms.

C. Voice traffic must be marked "to DSCP EF.

D. One-way latency must be no more than 200 ms.
E. Loss must be no more man 1 percent.

Answer: (SHOW ANSWER)

NEW QUESTION: 8

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 /29/ //

B. voice translation-rule 1 rule 1 /29.+/ //

C. voice translation-rule 1 rule 1 /A9(.......... )1

D. voice translation-rule 1 rule 1 /29......... I

Answer: (SHOW ANSWER)

NEW QUESTION: 9
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What is a possible cause of the PRI issue?
A. The cable is unplugged.

B. The controller shut down.

C. The clock source is incorrect.

D. The framing is configured incorrectly.
Answer: (SHOW ANSWER)

NEW QUESTION: 10

Apeddr==tootonio = =% . g ) :.;.; 1IN

Temg Source D mmaton Info -

18.683437  10.117.34.322 10.0.161.10 50310 +» 5060 [S¥N] Seqed H:n-ﬁdkdﬂl Len=@ MS5=1460 WS=256 SAC
18.938881  10.117.34.222 10.9.181.10 5031455060 [SYH ) Seq=0 Win=64240 Len=0 MSS=1460 WS=256 SAC
21.686630 10.117.34.222 19.0.491, 18 [TCP Retransmission] 50310 + S868 [SYN] Seq=0 Win=64248 Len=
21.941993 18.117.34.222 10.00101.18 [TCP Retransmission] 58314 + S86@ [SYN] Seq=0 Win=564248 Len=
27.687008  10.117.34.222 19.0.10l1.10 [TCP Retransmission] 58310 + 5960 [5YN] Seqg=@ Win=64240 Len=
27.942784  10.117.34.222 18.0.161.18 [TCP Retransmission] 50314 -+ 5860 [SYN] Seqs@ Win=64240 Lens

Refer to the exhibit. An administrator is attempting to register a SIP phone to a Cisco UCM but
the registration is failing. The IP address of the SIP Phone is 10.117.34.222 and the IP address of
the Cisco UCM is 10.0.101.10. Pings from the SIP phone to the Cisco UCM are successful. What
is the cause of this issue and how should it be resolved?

A. An network device is blocking TCP port 5060 from the SIP phone to the Cisco UCM. This
device must be reconfigured to allow traffic from the IP phone.

B. The certificates on the SIP phone are not trusted by the Cisco UCM. The SIP phone must
generate new certificates.

C. An NTP mismatch is preventing the connection of the TCP session between the SIP phone
and the Cisco UCM. The SIP phone and Cisco UCM must be set with identical NTP sources.

D. DNS lookup for the Cisco UCM FQDN is failing. The SIP phone must be reconfigured with the
proper DNS server.

Answer: (SHOW ANSWER)
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NEW QUESTION: 11

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(config)# no Ildp run

B. Switch(config># no lldp transmit

C. Switch# configure terminal

D. Switch# copy running-config startup-config

E. Switch(conlicj)# interface GigabitEthernet1/0/1

Answer: (SHOW ANSWER)

NEW QUESTION: 12

According to QoS guidelines, what is the packet loss for streaming video?
A. Not more than 3%

B. Not more than 1%

C. Not more than 8%

D. Not more than 5%

Answer: (SHOW ANSWER)

NEW QUESTION: 13

Which two functions are provided by Cisco Expressway Series? (Choose two.)
. voice and video transcoding

. voice and video conferencing

. interworking of SIP and H.323

. intercluster extension mobility

mooOow >

. endpoint registration

Answer: (SHOW ANSWER)

The Cisco Expressway Series provides the following functions:
Voice and video transcoding

Interworking of SIP and H.323

Firewall traversal

Session border controller (SBC) functionality

Endpoint registration

Call admission control (CAC)

Quality of service (QoS)

Security

The Cisco Expressway Series does not provide voice and video conferencing or intercluster

extension mobility.
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NEW QUESTION: 14

A collaboration engineer must configure Cisco Unified Border Element to support up to five
concurrent outbound calls across an Ethernet Link with a bandwidth of 160 kb to the Internet
Telephony service provider.

Which set of commands allows the engineer to complete the task without compromising voice
quality?

digl-pees vaice 1 voip : -

u:v,nslaunnn—wﬂrh ourkgeoing Stripd
—CAnn

n;::'l!nnuarnpumm m1[2-9)[=-9%

session protecel SRS L. 104

wession Erget vl 142
demf-relay rip-mee = ip-notfy siprb el
A eodec mpda-latm

|-gremeed WO T 4wk
d'l.lf.;ﬂanlaﬂ-uln profite cutgoing Siripd

—~canmn 5
n-;::lin:uun-:mrn_ o [2-9] 12-51 .
otocal e d

a-142 .45 10.1
oty sip-Rpmi

IH!I.!:D!’I 1.:; e
S RIOn rget
B dtmif-relay rip-nte =i

dial-peer woice 1 voip
mzlabﬁ";i-nrﬂ“l ST E I LErvpd
dr:ti‘nm;'nn—ﬂi'm o[z 1291 %
seasion protocol sipy2
nession target ipyd: 142 45 101
dtrf-relay rip-nte sip-notty stk
C. codec ibemoda 20

dial-peer volce 1 voip
ran=siation-profile outpomng SthpH
TR -Corrn 9
un-;unm-.nﬂr; = 2-9-——%
wension protoocod
=ession argel el 142 45 101
rip-ate Srp-notify

D_ codes aanid

Answer: (SHOW ANSWER)

NEW QUESTION: 15

How many dial patterns can a Webex Calling dial plan support?
A. 12,000

B. 1,000

C. 10,000

D. 2,000

Answer: (SHOW ANSWER)

NEW QUESTION: 16

An engineer troubleshoots outbound can failure on an ISDN-PRI circuit. The engineer ts
suspecting the

'Incomplete Destination". Which debugs or commands are run in the voice gateway to
troubleshoot the issue?

A. debug isdn 921

term mon

B. debug voip ecapi inout

show controller ti

C. debug isdn q931

show isdn status
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D. debug isdn 921

debug voip ecapi inout

Answer: (SHOW ANSWER)

The engineer should run the following debugs or commands in the voice gateway to troubleshoot

the issue:

* debug isdn q931 - This debug will show the ISDN Q.931 messages that are being exchanged
between the voice gateway and the ISDN switch. This can be used to identify the cause of the
"Incomplete Destination" error.

* show isdn status - This command will show the status of the ISDN PRI circuit. This can be used
to verify that the circuit is up and running.

The other options are not correct. The debug isdn 921 command will show the ISDN Q.921
messages that are being exchanged between the voice gateway and the ISDN switch. This is not
necessary for troubleshooting the issue. The term mon command will show the terminal monitor
output. This is not necessary for troubleshooting the issue. The debug voip ecapi inout command
will show the VolP ECAP messages that are being exchanged between the voice gateway and
the VolP server. This is not necessary for troubleshooting the issue. The show controller ti
command will show the status of the T1 controller. This is not necessary for troubleshooting the
issue.

Valid 350-801 Dumps shared by ExamDiscuss.com for Helping Passing 350-801 Exam!
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NEW QUESTION: 17

After an engineer runs the utils ntp status command on the Cisco Unified Communications
Manager publisher, the stratum value is 16. Which issue can the Cisco Unified CM cluster
experience?

A. The date/time group on all phones defaults to the time zone of the engineer.

B. The cluster loses access to port 124 at the firewall.

C. Database replication is not synchronized on the Unified CM nodes.

D. Unified CM sends an NTPv4 packet.

Answer: (SHOW ANSWER)

NEW QUESTION: 18
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An engineer is deploying Webex app on Microsoft Windows computers. The engineer wants to
ensure that the end users do not receive pop-l1Q dialogues %'hen they start the application 'Much
two actions ensure the end users are not promted to accept the end-user license (Choose two )
A. Set the DELETEUSERDATA=r installation argument

B. Set the "HKEY_LOCAL_MACHINE,.Software'-WOW6432Node .CiscoCollabHost -
Eula_disable

C. Set the "HKEY_LCX"M._MACHINE .SoftwareCiscoCollabHo$tEula Setting registry
Eula_disable

D. Set the DEFAULTAMTHEMEs-Dark™ installation argument

E. Set the "/quiet installation argument

Answer: (SHOW ANSWER)

The correct answers are B and C.

To ensure that end users are not prompted to accept the end-user license agreement (EULA)

when they start the Webex app, the engineer must set the following two registry keys:

* HKEY_LOCAL_MACHINE\Software\WOW6432Node\CiscoCollabHost\Eula_disable
*HKEY_LOCAL_MACHINE\Software\CiscoCollabHost\Eula Setting\Eula_disable Setting these
registry keys will disable the EULA prompt for all users who start the Webex app.

The other options are not valid actions to ensure that end users are not prompted to accept the
EULA.

NEW QUESTION: 19

Which Cisco IM and Presence service handles failover and state changes in the cluster?
A. XCP router

B. Cisco Server Recovery Manager

C. Cisco XCP Connection Manager

D. XCP Sync Agent

Answer: (SHOW ANSWER)

NEW QUESTION: 20

If a phone needs to register with cuc:m1.ciscc.ccﬁﬂﬁ@§ﬂﬁg%ice assists with the phone

registration process? iﬁ i’ﬁ:}%
A. SNMP

B. ICMP

C. SMTP

D. DNS

Answer: (SHOW ANSWER)

According to the Cisco Community website1, the phone uses DNS to resolve the hostname of the

CUCM server (cucm1.cisco.com) to its IP address. DNS is a network service that translates
domain names into IP addresses.

NEW QUESTION: 21
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An administrator set up Cisco UCM LDAP Directory and already synced the users to Cisco UCM
from the Active Directory, but they forgot to set up feature group templates when. doing the
import. Which action resolves the issue?

A. Configure feature group templates in the Cisco UCM LDAP Directory and do a manual sync.
B. Add another LDAP Directory in Cisco UCM, configure feature group templates, and do a
manual sync for that new LDAP Directory.

C. Use the Bulk Administration Tool to update those users with the feature group template.

D. Configure feature group templates in the Cisco UCM LDAP Directory and configure the resync
interval.

Answer: (SHOW ANSWER)

NEW QUESTION: 22

An administrator must implement toll fraud prevention on Cisco UCM using these parameters:
* Enable Forced Authorization Code 112211.

* Set an authorization level of 3 for the route pattern 8005551212.

* Require no access code to dial 10-digit numbers.

How must the route pattern be implemented?

A. Pattern = 1122113.8005551212

B. Pattern = 8005551212.1122113

C. Pattern = 8005xxxxxx

D. Pattern = 3.800xxxxxxx

Answer: A (LEAVE A REPLY)

To implement toll fraud prevention on Cisco UCM, an administrator can use the following
parameters:

Enable Forced Authorization Code 112211.

Set an authorization level of 3 for the route pattern 8005551212.

Require no access code to dial 10-digit numbers.

The route pattern must be implemented as follows:

Pattern = 1122113.8005551212

This will require users to enter the authorization code 112211 followed by the number
8005551212 to dial this number. The authorization level of 3 will prevent users from transferring
calls to this number.

NEW QUESTION: 23

A network administrator deleted a user from the LDAP directory of a company. The end user
shows as Inactive LDAP Synchronized User in Cisco UCM. Which step is next to remove this
user from Cisco UCM?

A. Wait 24 hours for the garbage collector to remove the user.

B. Restart the Dirsync service after the user is deleted from LDAP directory.

C. Delete the user directly from Cisco UCM.

D. Execute a manual sync to refresh the local database and delete the end user.
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Answer: (SHOW ANSWER)

NEW QUESTION: 24

An administrator configures Cisco UCM to use UDP for SIP signaling and finds that an endpoint
cannot make calls Which action resolves this issue?

A. Change the SIP dial rules.

B. Change the common phone profile.

C. Change the phone security profile.

D. Change the SIP profile

Answer: (SHOW ANSWER)

NEW QUESTION: 25

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

A. any two nodes

B. any node

C. only nodes that have Cisco UCM service enabled

D. any subscriber nodes

Answer: (SHOW ANSWER)

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

must have a TFTP server configured.

In Cisco UCM, the TFTP server is configured on the serviceability page. The TFTP server can be
configured on any node that has Cisco UCM service enabled. The TFTP server cannot be
configured on nodes that do not have Cisco UCM service enabled.

NEW QUESTION: 26
Refer to the exhibit.

$:41:32a TFTP Timeout : SEPOCDEA7BZ24C5B.cnf.xml
9:45:15a No Trust List Installed

9:46:51a TFTP Timeout : SEPOCDEA7824C58.cnf.xml
9:50:34a No Trust List Installed_ ,
G:52:10a TFTP Timeout : 'SLEPGG?EA?S?%CSB .cnf.xml

[
9:52:30a File Npt Faoupd § SBPOCDEA7824C5B.cnf.xml

L¥=]
N
A%
L
.
[T}

XMLDefaglt.€nf. il

An administrator is configuring a new phone on a Cisco UCM cluster and the phone failed to
register. The Cisco UCM cluster is in non-secure mode. Which action resolves the issue?
A. Ensure that DHCP scope has option 150 configured.

B. Delete phone ITL file.

C. Update phone configuration in Cisco UCM with the correct MAC address.
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D. Manually configure voice VLAN on the phone.
Answer: (SHOW ANSWER)

NEW QUESTION: 27

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 UCM. which sends a 180 Ringing
signal to the destination phone. The same process applies to 11 BYE messages.

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

C. The source phone must signal to the destination phone that it is ringing, and the destination
phone signals back with a 180 Ringing message. The same process applies to 11 BYE
messages.

D. The calls have an MTP in the call path due to different codec support. The calls are
subsequently split into two call legs.

Answer: (SHOW ANSWER)

NEW QUESTION: 28

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

A. SIP

B. H.323

C.HTTPS

D. SCCP

E. SRTP

Answer: (SHOW ANSWER)

NEW QUESTION: 29

Which two DNS records must be created to configure Service Discovery for on-premises Jabber?
(Choose two.)

A. _cuplogin._tls.cisco.com pointing to the IP address of IM and Presence

B. cisco-uds._tls.cisco.com pointing to the IP address of Cisco UCM

C. _cisco-uds.tcp.cisco.com pointing to a record of Cisco UCM

D. xmpp.tls.cisco.com pointing to a record of IM and Presence

E. cuplogin_tcp.cisco.com pointing to a record of IM and Presence

Answer: (SHOW ANSWER)

NEW QUESTION: 30

After an administrator installs the Cisco jabber C !Eﬁgp?ﬁﬂo%&' with the cisco UCM server.

Which two actions should be taken tdiraf roblem? (Choose two.)
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A. Verify Layer 3 connectivity on the gateway.

B. Verify the configuration of the DNS SRV record.

C. Verify the installation of the LMHOST file on the PC
D. Reboot the Cisco Unified Border Element Gateway.

E. Verify corporate firewall settings for client connections.
Answer: (SHOW ANSWER)

NEW QUESTION: 31

A collaboration engineer is configuring the QoS trust boundary for Cisco UCM voice and video
conferencing.

Which two trust boundary configurations are valid? (choose two)

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

B. QoS trust boundaries can be extended to voice and video devices exclusively

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

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

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

Answer: (SHOW ANSWER)

Valid 350-801 Dumps shared by ExamDiscuss.com for Helping Passing 350-801 Exam!
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Special Discount Code: freecram)

NEW QUESTION: 32

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: (SHOW ANSWER)

NEW QUESTION: 33

Why does Cisco UCM use DNS?

A. It provides certificate-based security for media

B. It provides SRV resolution to the endpoints registered
C. It resolves FQDN to IP address resolution for trunks
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D. it connects endpoints to single sign-on services.
Answer: (SHOW ANSWER)

NEW QUESTION: 34

Which action must an administrator take to provide a method that plays prerecorded messages
when setting up a voicemail server in a Cisco collaboration on-premises system?

A. Configure a telephony service in Cisco Unity Connection to play prerecorded messages
applying this service to a number.

B. Configure a directory handler to respond to the calls in Cisco UCM.

C. Create a recording that is applied to a service voicemailbox in Cisco UCM.

D. Create a call handler template to apply to a call handler in Cisco Unity Connection.

Answer: (SHOW ANSWER)

NEW QUESTION: 35

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

B. Create a custom restriction table *********** and block it.

C. Block PSTN patterns on Default Transfer, Default Outdial, and Default System Transfer.
D. Implement password complexity on voicemail boxes to prevent accounts from being
compromised.

Answer: (SHOW ANSWER)

NEW QUESTION: 36

What happens to voice packets from an 8845 Cisco IP Phone at a properly configured QoS trust
boundary?

A. The voice packets are not trusted, and the access layer switch reclassifies the packets.

B. Cisco UCM determines how the voice packets are classified.

C. The phone and access layer switch negotiate the classification of packets.

D. The voice packets are classified by the phone and the classification is accepted.

Answer: (SHOW ANSWER)

NEW QUESTION: 37

A Cisco IP Phone 7841 that is registered to a Cisco Unified Communications Manager with
default configuration receives a call setup message. Which codec is negotiated when the SDP
offer includes this line of text?

M=audio 498181 RTP/AVP 0 8 97

A. G.711ulaw

B.iLBC

C. G.711alaw
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D. G.722

Answer: (SHOW ANSWER)

The SDP offer includes the following line of text:

M=audio 498181 RTP/AVP 0 8 97

This line of text indicates that the following codecs are available:

0: G.711ulaw

8: G.711alaw

97:iLBC

The Cisco IP Phone 7841 is registered to a Cisco Unified Communications Manager with default

configuration. This means that the phone will negotiate the G.711ulaw codec.

The G.711ulaw codec is a standard codec that is used for voice communication. It is a low-
bandwidth codec that provides good quality.

The iLBC codec is a newer codec that is designed for use in low-bandwidth environments. It
provides good quality, but it is not as widely supported as the G.711ulaw codec.

The G.722 codec is a high-quality codec that is used for voice communication. It provides
excellent quality, but it requires more bandwidth than the G.711ulaw codec.

NEW QUESTION: 38

MNAME icand Target Address

sip._tcp.sample.com serverl.sample.com

_sip._tcp.sample.com server2. sample.com

sip._tcp.sample.com ERM, server3.sample.com

Refer to the exhibit. An administrator must fix the SRV records to ensure that server1.
sample.com is always contacted first from the three servers. Which solution should the engineer
apply to resolve this issue?

A. Priority = 5, Weight = 70

B. Priority = 10, Weight = 10

C. Priority = 100, Weight = 90

D. Priority = 10, Weight = 5

Answer: A (LEAVE A REPLY)

NEW QUESTION: 39

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

A. linecode hdb3

B. linecode b8zs

C. linecode ami

D. linecode esf

Answer: (SHOW ANSWER)

NEW QUESTION: 40
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Which DSCP PHE classification mus&b@%@r{ﬁgﬂe‘@%g for voice on a high-speed network?
A. AF43

B. CS4

C.43

D. EF

Answer: (SHOW ANSWER)

NEW QUESTION: 41

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

A. G722 1

B. iLBC

C. G.711alaw

D. G.729A

Answer: B (LEAVE A REPLY)

In environments with poor WAN conditions-including packet loss, delay, and jitter-Cisco
documentation consistently recommends codecs that are loss-tolerant, resilient, and designed for
low- bandwidth or impaired networks. Among the available options, iLBC (internet Low Bitrate
Codec) is specifically engineered to handle significant packet loss without producing severe audio
distortion.

Cisco Collaboration design guides describe iLBC as a codec that uses independent encoding of
each speech frame, allowing audio to remain understandable even when multiple packets are lost
in transit. This is different from predictive waveform codecs like G.711 or G.729A, which depend
on sequential packet flow.

When packets are lost in those codecs, audio becomes choppy or unintelligible.

NEW QUESTION: 42

A customer is deploying a SIP 10S gateway for a customer who requires that in-band DTMF relay
is first priority and out-of-band DTMF relay is second priority. Which 10$ entry sets the required
priority?

A. dtmf-relay cisco-rtp

B. dtmf-relay sip-kpml cisco-rtp

C. dtmf-relay rtp-nte sip-notify

D. sip-notify dtmf-relay rtp-nte

Answer: (SHOW ANSWER)

NEW QUESTION: 43

Where does an administrator establish the trust boundary on a LAN?
A. access switch

B. core router

C. voice VLAN


https://www.freecram.net/q/65317-6016258/
https://www.freecram.net/q/65317-6016259/
https://www.freecram.net/q/65317-6016260/

D. distribution switch
Answer: (SHOW ANSWER)

NEW QUESTION: 44

What happens to voice packets from a Cisco 8845 IP phone in the QoS trust boundary?
A. The voice and access layer switch negotiate the classification of packets

B. The voice packets are not trusted, and the access layer switch reclassifies the packets.
C. The voice packets are classified by the phone, and the classification is accepted

D. Cisco UCM determines how the voice packers are classified.

Answer: (SHOW ANSWER)

NEW QUESTION: 45

What is the purpose of a hybrid Local Gateway?

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

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

C. to handle calls between Cisco IJCM and Webex Calling

D. to handle calls between the Public Switched Telephone Network and Webex Calling
Answer: (SHOW ANSWER)

A hybrid local gateway handles calls between the Public Switched Telephone Network (PSTN)
and Webex Calling. It is commonly deployed on the customer's premises but can also be hosted
by a partner. The local gateway registers with Webex Calling and handles all calls between the
PSTN and Webex Calling. It gives customers the flexibility to bring their own service provider or
continue using their existing provider for a smooth and effective transition to the cloud.

NEW QUESTION: 46

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

A. show access-lists

B. show policy-map

C. show class-map interface GigabitEthernet 1/0/1

D. show policy-map interface GigabitEthernet 1/0/1

Answer: (SHOW ANSWER)
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NEW QUESTION: 47

Which issue can occur if QoS is not Deployed on a Cisco Collaboration architecture across the
WAN?

A. Unexpected shut-down on Cisco Unified Communications Manager

B. Packet fragmentation

C. 403 Forbidden errors on SIP calls

D. Excessive jitter

Answer: (SHOW ANSWER)

NEW QUESTION: 48

1ls diagnose test

le: platform/log/diagl.

at
at connectors
at threads
at memory
tomcat_sessions
tomcat heapdump > This module must be run directly and off hours
validate network
raid
em info Passed (Colleqghedisygtem igfforhatgion in '!i.lj.‘.ﬂn stic log)
reachability
.'Ii‘n‘k \1"‘;Tt

stratum

The reference NTP server is a stratum S cl@ck.

An engineer is trying to add a new subscriber to the cluster of Cisco UCM. and the
synchronization is failing.

The engineer obtained the output from the publisher and noticed the error Based on the output,
what is the issue?

A. The NTP server is running out of space in the hard drive, which prevents the cluster service
from starting.

B. The NTP server for Cisco UCM must be stratum 6 or higher.

C. The NTP service is pointing to the wrong publisher.

D. The NTP server must be replaced by another server with NTP stratum 1, 2, or 3 running
version NTPv4.
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Answer: (SHOW ANSWER)

NEW QUESTION: 49
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?

wolce translat
rul- 1/3.. :::Mﬁ O

'.luiu translation-proflle INT
translate calling 40

I

dial-pear volca 9011 pots

translation-profile cutgoing INT
dostination-pattern 90117
port 01/0:23

Numbenng Plan
Route Filter

V¥ Urgent Prionty
I MLpe preemption Disabled

Called Party Transformations

Discard Digets | PreDot m
Called Party Transforrmnation Mask |

Prefix Digits [o011
Called Party Number Type " | trternational

Called Party Numbering Plan®  [Prvate

L e
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Partibon PT_US_VG_CD_Out_xFo ;l
Descnption Us 1

Numbenng Plan | . 3o .L]

Route Filter I-: Naene > _'J t?
F Urgent Prionty

™ mMLPP Preemption Disabled

Called Party Transformations

Discard Digits | PreDot

Called Party Transformation Mask [
Prefix Digits {9011
Called Party Number Type* [1nternational

Called Party Numbering Plan®  [json

L Lo

1< None »
F Urgent Pnonty
™ MLPP Preemption Disabled

Called Party Transformations
Discard Dugits rp.-‘m ':j
Called Party Transformation Mask |
Prefix Digits [so11

Called Party Number Type* [Urknown =]
Called Party Numbenng Plan®  [Unknown <]




Pattern Definition
Pattern® fu A

Partibon | PT_us_vG_CO_Out_xForm
Cescnpbion [us Internabonal calling
Numbering Plan I < None =

Rouyte Filter I Hone =

F urgent Prionty
™ MLPP Preemption Disabled

Called Party Transformations
Descard Dvgts | Preliot
Called Party Transformaton Magk | B
Prefix Digits - 1 Iﬁ“* ;. i
Called Party Humber Type ™

i 8 8
| [€5c5 Calimapager ©

Called Party Numbenng Plan® [ Cugo Callanager

D.
Answer: (SHOW ANSWER)

NEW QUESTION: 50

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 humn & calls to and from remote side

g‘fﬁ codec F reecra )

*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 software transcoder on Cisco UCM to support voice calls to and from both
remote sites

B. configure the hardware transcoder on the site B router

C. configure the hardware transcoder on the hub location router

D. configure the hardware transcoder on the site A router

Answer: (SHOW ANSWER)

NEW QUESTION: 51
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Router#show 1sdn status

Global ISDN Switchtype = primi@cy i
ISDN Senal0 23 interface
dsl 3, interface ISDN Switchtype § pfmiary-ni

Layer 1 Status

SHUTDOW
Layer 2 Sfatts

TEI =0, Ces =1, SAPI = 0, State = TEI ASSIGNED
Layer 3 Status

0 Active Layer 3 Calls)

Refer to the exhibit. Users at a company located In New York cannot place calls. The New York
gateway is configured with a T1 ISDN PRI card with 24 channels. The engineer runs the show
isdn status command and receives output. Which action must the engineer take to resolve the
issue?

A. Change the switch type on the ISDN card to primary-5ess.

B. Increase the number of timeslots in the controller t1 interface.

C. Change the card type from T1 to E1.

D. Issue the no shut command Into the controller t1 interface.

Answer: (SHOW ANSWER)

NEW QUESTION: 52

A customer reports that the load balancing solution is not working (or two Cisco Unified Border
Element routers. The (cube1.abc.com) router should take 60% of the calls, and the (cube2
abc.com) router should take

40% of the calls. Assuming all DNS A records are present, which two SRV configurations would
provide the desired outcome? (Choose two.)
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A. Option A
B. Option E
C. Option B
D. Option C
E. Option D
Answer: (SHOW ANSWER)

NEW QUESTION: 53

Which actions required for a firewall configuration on a Mobile and Remote Access through Cisco
Expressway deployment?

A. The internal firewall must allow these inbound and outbound connections between expressway
- ¢ and Expressway-e :sip;HTTPS(tunneled over SSH between C and E.

TCP 2222: TCP 7001: Traversal Media: UDP 2776 to 2777(or 36000 to 36011 for large VM
/appliance); XMPP:TCP 7400

B. The traversal zone on Expressway-c points to Expressway-e through the peer address field on
the traversal zone, which specifies the Expressway-e server address. For dual NIC deployments,
set the Expressway-e address using an FQDN that resolves the IP address of the internal
interface

C. Do not use a shared address for Expressway-e and Expressway-c, as the firewall cannot
distinguish between them. If static NAT for IP addressing on Expressway-e is used, ensure that
any NAT operation on expressway-c does not resolve the same traffic IP address. Shared NAT IS
not supported

D. The external firewall must allow these inbound connections to Expressway: SIP: TCP 5061;
HTTPS:

TCP 8443; XMPP TCP 5222; media: UDP 36002 to 59999

Answer: (SHOW ANSWER)

NEW QUESTION: 54

Which attribute contains an XMPP stanza?
A. type

B. presence

C.iq

D. message
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Answer: (SHOW ANSWER)

NEW QUESTION: 55

Which characterstic of distributed class- based weighted fair queueing addresses jitter
prevention?

A. It uses a priority queue for voice traffic to avoid jitter.

B. It provides additional granularity by allowing a user to define custom class

C. It provides additional granularity by allowing a user to create classes

D. It minimizes jitter by implementing a priority queue for voice traffic

Answer: (SHOW ANSWER)

NEW QUESTION: 56

A network engineer must convert an inbound number 14085551111 when it reaches Cisco UCM
and then converts it to an internal extension 3022, so it can ring to a specific desk. Which action
meets this requirement?

A. Create translation pattern 14085551111, called party transform mask 3022.

B. Create a route group and route list and assign it to the translation pattern.

C. Create a route pattern 9.1 XXXXXXXXXX and assign it to the trunk.

D. Change the partition and calling search space on the DID for the specific desk.

Answer: (SHOW ANSWER)

NEW QUESTION: 57

Which DiffServ value must be used to identify and classify audio and video from Cisco
Telepresence endpoints according to the Cisco dual video queue approach?

A.CS3

B. AF42

C. AF41

D. CS4

Answer: (SHOW ANSWER)

NEW QUESTION: 58

A collaboration engineer must optimize the dial plan within Cisco UCM. There are multiple remote
sites. And each site has its own route patterns and local gateways. What should the engineer do
on the cisco UCM to optimize the dial plan?

A. Implement ILS with GDPR so the dial plan can dynamically replicate across clusters.

B. Configure a Standard Local Route Group to use a single route pattern for all calls within the
cluster.

C. Create a centralized dial plan with a Cisco UCM Session Management Edition cluster or a
Cisco gatekeeper.

D. Leverage Cisco UCM Express as SRST so the phones can have more features at each remote
site
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Answer: (SHOW ANSWER)

NEW QUESTION: 59

ﬂ:aﬂh

voice ser _!':j
p address trusted
iove 172.19(%% CQ
supplementary j *__ redla-renegotiate
sip
régistrar server expires max T20 min 12
'
E
i dial-peer voice 1 voip
destination-pattermi 22, ..
session protocol fgkpv2
session targel, pv4a:152.168.10.10
incoming calledrnumber 4433..
direct-inwapdrdial
1 dtmf-rel gy £ip-notif)
codeclgWliitlaw

1 dial-peer voice 100 pots
destination-pattern 91...
incoming called-number 2...
forward-digits 4

Refer to the exhibit. An engineer must implement toll fraud prevention on a Cisco UCM cluster.
Only the SIP protocol must be allowed for connections passing through Cisco Unified Border
Element. What must be configured?

servic 'irti-! II”
on :f':::t E§C@

.
L

[T ]

W 1

e

a ©

1
-

voice sSarv.ice “u'::.;
- - i e b -
allow-connectiopd\®ip to sig

A. Option B
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B. Option A
C. Option D
D. Option C
Answer: (SHOW ANSWER)

NEW QUESTION: 60

Which service on the Presence Server is raspﬂﬁi?@'mlﬁ@&the point-to-point chat connections
between Jabber clients? =ree C

A. Cisco SIP Proxy

B. Cisco XCP Router

C. Cisco XCP XMPP Federation Manager
D. Cisco XCP Text Conference Manager
Answer: (SHOW ANSWER)

NEW QUESTION: 61

Refer to the exhibit. Which two codec permutations should be transcoded by this dspfarm?
(Choose two.)

A. G.729r8 to G.711ulaw

B. G.728br8 to G.711alaw

C. G.729ar8 to G.711alaw

D. iLBC to G.711ulaw

E. G.722 to G.729r8

Answer: (SHOW ANSWER)

Valid 350-801 Dumps shared by ExamDiscuss.com for Helping Passing 350-801 Exam!
ExamDiscuss.com now offer the newest 350-801 exam dumps, the ExamDiscuss.com
350-801 exam questions have been updated and answers have been corrected get the
newest ExamDiscuss.com 350-801 dumps with Test Engine here:
https://www.examdiscuss.com/Cisco/exam/350-801/premium/ (408 Q&As Dumps, 35%OFF

Special Discount Code: freecram)

NEW QUESTION: 62

What is the purpose of the Disaster Recovery System in Cisco UCM?
A. to transparently present failover process events to users

B. to create and manage Cisco UCM backup clone servers

C. to provide data backup and restore by using an SFTP server

D. to speed up the rebuilding of a crashed Cisco UCM server
Answer: (SHOW ANSWER)
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NEW QUESTION: 63

s=SIP-Call

c=INIP4 1.2.3.4

t=0 0

m=audio 16444 RTP/AVP 0 8101

Refer to tho exhibit. A customer reports that SIP voice calls are using G.711 codec instead of
G.729. The administrator checks the SIP signaling in the logs and sees the SDP shown. What will
the administrator see in the logs if the right configuration change was made to resolve the issue?
A. m=audio 16444 RTP/AVP 15 101

B. m=audio 16444 RTP/AVP 9 101

C. m=audio 16444 RTP/AVP 4 101

D. m=audio 16444 RTP/AVP 18 101

Answer: (SHOW ANSWER)

NEW QUESTION: 64

An administrator is developing an 8-class QoS baseline model. The CS3 standards-based
marking recommendation is used for which type of class?

A. Scavenger

B. best effort

C. call signaling

D. voice

Answer: (SHOW ANSWER)

NEW QUESTION: 65

On a Cisco Catalyst Switch, which command is required to send CDP packets on a switch port
that configures a Cisco IP phone to transmit voice traffic in 802.10 frames, tagged with the voice
VLAN ID 2217

A. Device(config-if)# switchport access vlan 221

B. Device(config-if}# switchport vlan voice 221

C. Device(config-if)# switchport trunk allowed vian 221

D. Device(config-if}# switchport voice vlian 221

Answer: (SHOW ANSWER)

NEW QUESTION: 66
Which set of four functions are performed by Cisco Unified Border Element?
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A. session control, security, interworking, and demarcation

B. session control, meet-me conferencing, interworking. and demarcation
C. PRI connections, security, faxing, and border enforcement

D. session control, security. SIP. and H.323

Answer: (SHOW ANSWER)

NEW QUESTION: 67

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 dialed string.

B. The pattern does not match the dialed string.

C. The pattern represents the smallest number of endpoints.

D. The pattern represents the largest number of endpoints.

E. The pattern matches the shortest explicit prefix.

Answer: (SHOW ANSWER)

NEW QUESTION: 68
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?

config t
2900(config)#isdn switch-type primary-ni

2900(config)#controller e1 0/0/0
2900(config-controller)#priitimeslots 1-7

A.

;onﬁgt
2900(config#isdn switch-type primary-ni
2900(config)#controlier e1 0/0/0

2900(config-Controller)#pri-group timeslots 1-7
configt

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

config t

2900(config)#isdn aw:tch typé primary-ni
2900(config #interface Serial0/0/0:15
2900(config-controller J#pri-group timeslots 1-7

D.
Answer: (SHOW ANSWER)
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NEW QUESTION: 69

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

Router# configure terminal
Rouler(config# interface gigabitethernet 511
Router config-if i desecription Cube E41.228-0097

A. platform qos trust extend cos 5
B. platform gos trust extend

C. platform gos extend trust

D. platform qos trust extend cos 3
Answer: (SHOW ANSWER)

NEW QUESTION: 70

What is the most important considera&a%ﬁﬁﬁ‘g&g%ﬁé§ voice framework?
A. speed propagation

B. Layer 2 overhead consumption

C. bandwidth calculations

D. codec selection

Answer: (SHOW ANSWER)

NEW QUESTION: 71

What is set when using COS to mark an Ethernet frame?

A. Ipp bits

B. IP ECN bits

C. DCSP bits

D. 802.1 p User Priority bits

Answer: (SHOW ANSWER)

When using COS to mark an Ethernet frame, the 802.1 p User Priority bits are set. These bits are
used to indicate the priority of the frame. The higher the priority, the more likely the frame is to be
transmitted first.

NEW QUESTION: 72
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~ Pattern Definition

Route Pattern * (i ]
Route Partition GW _Calling
Description Global Route Pattern

Numbering Plan
Route Filter
MLPP Precedence* Default v

Apply Call Blocking Percentage
Resource Priority Namespace Network Domain | < None »

Route Class" Default i
Gateway/Route List* RL-828 S0 R § ¥4 (E@)
Route Option ® Route this pattern

Block this pattern | No Error N - “
Call Classification* OffNet v
External Call Control Profile < None >

Allow Device Override Provide Outside Dial Tone Allow Overlap Sending Urgent Priority

Require Forced Authorization Code
Authorization Level* 0

Refer to the exhibit. Which route pattern can the Cisco UCM administrator apply to the
configuration to allow calls to "1306.1316.1326,13*6.13#6" only?

A. 13[25-8]6

B. 13XX

C.13#

D. 13[A3-9)6

Answer: (SHOW ANSWER)

NEW QUESTION: 73

During the Cisco IP Phone registration process, the TFTP download (ails. What are two reasons
(or this issue?

(Choose two.)

A. The Cisco IP Phone does not know the IP address of any of the Cisco UCM Subscriber nodes.
B. The DNS server was not specified, which is needed to resolve the DHCP server IP address.
C. Option 100 string was not specified, or an incorrect Option 100 string was specified.

D. The Cisco IP Phone does not know the IP address of the TFTP server.

E. Option 150 string was not specified, or an incorrect Option 150 string was specified.

Answer: (SHOW ANSWER)

NEW QUESTION: 74
Refer to the exhibit.
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ISDN (Seériall:23; interface
dsl 1, i1nterface ISDN Switchtype =
primary-5ess
Layer 1 Status:
ACTIVE
Layer 2 Status:
TEI = 0, Ces. =1, SAPI = 0, State
TEI ASSIGNED
Layer 3 Status:
0 Active Layer 3 Call(s)
Activated dsl 1 CCBs = 0

The Free Channel Mask: O0x807FFFFF
Total Allocated ISDN CCBs = 5

What causes the PRI issue?
A. The controller shut down

B. The cable is unplugged

C. The clock source is incorrect.

D. The framing is configured incorrectly
Answer: (SHOW ANSWER)

NEW QUESTION: 75
Refer to the exhibit.
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You deploy Mobile and Remote Access for Jabber and discover that Jabber for Windows does
not register to cisco Unified Communications Manager while outside of the office. What is a cause
of this issue?

A. The DNS record type should be changed from SRV to A.

B. The DNS record should be changed from _collab-edge._tls example.com.

C. The DNS record should be created for _ cisco-uds._tcp example.com.
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D. Server 4.2.2.2 is not a valid DNS server.
Answer: (SHOW ANSWER)

NEW QUESTION: 76

An engineer implements a new Cisco UCM based telephony system per these requirements:
* The local Ethernet bandwidth is sized based on the total bandwidth per call
* A G.736 codec is used.

* The bit rate is 64 kbps

* The codec sample interval is 10 ms.

* The voice payload size is 160 bytes per 20 ms.

What should the size of the Ethernet bandwidth be per call?

A. 31.2 kbps

B. 87.2 kbps

C. 38.4 kbps

D. 55.2 kbps

Answer: (SHOW ANSWER)
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NEW QUESTION: 77

volce translation-rule 1
rule 1 /*~[2-9]...... $/ /\0/ type any subscriber
rule 2 J2L[2-9)..[2-9) i i $/ /\0/ type any subscriber

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

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

B. The leading Plus is stripped from the numeric phone number.

C. The ISDN Plan is modified to the administrator's defined value.

D. Any zero is stripped from the numeric phone number.

Answer: (SHOW ANSWER)

NEW QUESTION: 78
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An engineer is trying to implement a new IP phone system in a company The phones connected
to the internal network are reporting a status of "unknown " There is no firewall between the Cisco
UCM and the phones What is a possible reason for the unknown status?

A. The IP phone management service is not enabled under Services

B. DHCP option 150 is not set up correctly

C. DNS is not enabled for the phones

D. Cisco Discovery Protocol is not enabled, and ping sweep is enabled

Answer: (SHOW ANSWER)

NEW QUESTION: 79

Which IP precedence value maps to DSCP EF?
A.3

B.5

C.0

D. 1

Answer: (SHOW ANSWER)

NEW QUESTION: 80
Refer to the Exhibit.
Which command is required to allow this media resource to handle Video Media streams?

dspfarm profile 1 mtp

odec g71llulaw

maximum sesslons soltware
assocliate application SCCP

A. codec pass-through

B. associate application Cisco unified border element
C. video codec h264

D. maximum sessions hardware 50

Answer: (SHOW ANSWER)

NEW QUESTION: 81
An engineer builds the configuration on a Cisco |0S gateway for the dial-peers:

F g e sems J L
T et e P L
S 5
S S T T S TR B T S B Ay e

Which command is required to complete the configuration?
A. Codec g729cr81

B. Codec g711ulaw

C. Codec g726r32

D. Codec g723ar63

Answer: (SHOW ANSWER)

NEW QUESTION: 82
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How does an administrator change the DNS settings on Cisco UCM?

A. Find the DNS setting in the system parameter settings in the Network section.

B. Open an SSH session to each node in the Cisco UCM cluster and change the DNS setting
using CLI.

C. Go to Network > IP > Cisco Serviceability and change the DNS settings.

D. Go to System > Network > DNS settings.

Answer: (SHOW ANSWER)

NEW QUESTION: 83

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

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

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

C. Set service parameter 'Advanced Ad Hoc Conference" to FALSE.

D. Set service parameter "Advanced Ad Hoc Conference" to 2.

Answer: (SHOW ANSWER)

NEW QUESTION: 84

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

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

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

C. real-time, call-signaling, critical data, best-effort, and scavenger

D. voice, video, signaling, critical data, and best-effort

Answer: (SHOW ANSWER)

NEW QUESTION: 85

An engineer must deploy the Webex app to a Windows Virtual Desktop Infrastructure
environment by using these settings:

* Thin client plugin: Installed

* Call service-enabled user: Media is optimized

* Calls on Webex app: Media is optimized

Which two command-line arguments are valid when running the installer? (Choose two.)
A. ENABLEVDI=1

B. ENABLEVDI=0

C. ALLUSERS=0

D. ENABLEVDI=2

E. ALLUSERS=1

Answer: (SHOW ANSWER)
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NEW QUESTION: 86

voice class codec 20
codec preference 1 g722-64

codec preference 2 ilbc mod 30

!

dial-peer voice 200 voip
destination-pattern "408555...5
session tafgetipv4:10.2.3.4
incoming-called-number 9T

dtmf-relay h245-alphanumeric rtp~nte|

no vad
|

Refer to the exhibit. An administrator configured a codec preference list with 0,122 and ILBC
codecs. Which change must the administrator make in the dial-peer section of the configuration to
use this list?

A. add session codec 20

B. add voice-class codec 20

C. add voice-codecs 20

D. add codec preference 20

Answer: (SHOW ANSWER)

NEW QUESTION: 87

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?

volce class codes 10
codaec preference 1| g729rc8
codec preference 2 glliulaw

video codec h264

dial-peer wvnice 101 ué%éli; :n.

sessidnl protocel sipvZz =~ o
destination elfi-pattarn-map 1

volce-class codac 10
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voice class codec 10

codec preference 1 g7llulaw
“¢odec preference 2 g729r8
video codec h264 (\fﬁ

&1:1“&%&:& 101 woip

session protocol asipv2

dul:imtiI alé plt:urn-up 1
voice-chisks!

voice class codec 10

codec preference 1 g7ilulaw
codec preference 2 gi29r8
vides codec h:ﬁf(o(\

dial-peer wég 101 v?ﬁ“[l“

scuicnﬁ@rotocol Sipvt ISCO

duutimtim ﬂsi-patttm-up =
voice-class codec mﬂ

voice class codec 10

codec preference 1 g7llulaw
codec preference 2,5@59:&

C.

dill-peo:vgﬂu 101 vo Lt

iISCO
nassiudaprﬂtucul sipv
destination el64-pattern-map 1

D. voice-class codec 10

Answer: (SHOW ANSWER)
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NEW QUESTION: 88

controller t1 0/0/1
pri-group timeslots 1-24
clack source line
linecode b&zs

framing esﬂ

Refer to the exhibit. 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?

controller e1 0/0/1

ori-group timeslots 1-12
clock sourcaline

linecode crcd
framing hd3

controller e1 0/0/1
pri-group umuloq|1 1r2L
clock source line
linecode hdb3
g. framing crcd
controlier &1 0/J0/1
pri-group timeslots 1-11, 12
clock source line
linecode hﬁb&
c. framing cred - -

controller 01 001
pri-group timeslots 1-12
clock source network

linecode hdb3
framing'crcd '

D.
Answer: B (LEAVE A REPLY)

NEW QUESTION: 89

Which two technical reasons make QoS a necessity in a video deployment? (Choose Two)
A. Variable bit rate of the video stream

B. Provisioned bandwidth of the link

C. Bursly behavior of video traffic
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D. Low response time between endpoints
Answer: (SHOW ANSWER)

NEW QUESTION: 90

What must be configured on a Cisco Unity Connﬁ%\m {ﬁﬁb@io access the mailbox from a
secondary device? =reeo

A. mobile user

B. alternate names

C. alternate extensions

D. Attempt Forward routing rule

Answer: (SHOW ANSWER)

To access a Cisco Unity Connection voice mailbox from a secondary device, you must configure
an alternate extension for the mailbox. This is a phone number that is different from the mailbox's

primary extension.

When you call the alternate extension, you will be prompted to enter the mailbox's PIN. Once you
have entered the PIN, you will be able to access the mailbox just as you would if you were calling
from the primary device.

NEW QUESTION: 91

An administrator must configure the Local Route Group feature on Cisco UCM. Which step will
enable this feature?

A. For each route group, check the box for the Local Route Group feature.

B. For each route pattern, select the Local Route Group as the destination.

C. For each device pool, configure a route group to use as a Local Route Group for that device
pool

D. For each route list, configure a route group to use as a Local Route Group.

Answer: C (LEAVE A REPLY)

The Local Route Group feature allows you to use a route group as the destination for calls that
are placed from a device pool. The route group that you use as the destination for calls from a

device pool is called the Local Route Group for that device pool.

To configure the Local Route Group feature, you must first create a route group. You can then

configure the Local Route Group feature for a device pool by selecting the route group that you
want to use as the Local Route Group for that device pool.
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NEW QUESTION: 92

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

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

B. Disable HSRP on the access layer switch.

C. Check the RJ-65 cable.

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

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

Answer: A,E (LEAVE A REPLY)

NEW QUESTION: 93

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

A. Video traffic cannot tolerate any packet loss and has a latency of 150 miliseconds
B. Video traffic can tolerate a packet loss of up to 1% and latency of 150 milliseconds
C. Video traffic can tolerate up to 10% packet loss and latency of 10 seconds

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

Answer: B (LEAVE A REPLY)

NEW QUESTION: 94

On which protocol and port combination does Cisco Prime Collaboration receive notifications
(Traps and InformRequests) from several network devices in the Collaboration infrastructure for
which it has requested notifications?

A. UDP 162

B. TCP 80

C. UDP161

D. TCP 161

Answer: (SHOW ANSWER)

NEW QUESTION: 95
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INVITE sip:1@10.10.10.219;user=phone SIP/2.0

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

From: "1234 — My Phone" <sip:1234@10.10.10.219>;tag=381claba7a78002c558eda31-12b8af63
To: <s5ip:1@10.10.10.219>

Call-ID: 381claba-7a78000d-4ca6894a-41dd3e6f@10.10.10.84

Max-Forwards: 70

CSeq: 101 INVITE

Contact: <s5ip:1234@10.10.10.84:50083; transport=tcp>

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

Content-Type: application/sdp

Content-Length: 658

v=0

0=Cisco~-SIPUA 26529 @ IN IP4 10.1@,10.84

s=SIP Call

b=AS:4064

t=0 0

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

b=TIAS:64000

a=rtpmap:114 opus/48000/2

a=fmtp:114
maxplaybackrate=16000;sprop~maxcapturerate=16000;maxaveragebitrate=64000;stereo=0;sprop-
stereo=0;usedtx=0

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

B. SUBSCRIBE

C. UPDATE

D. PRACK

E. REGISTER

Answer: (SHOW ANSWER)

-]

NEW QUESTION: 96

An engineer is going to redesign a network, and while looking at the QoS configuration, the
engineer sees that a portion of the network is marked with AF42. Which type of traffic is marked
with this tag?

A. voice

B. signaling

C. video conference

D. streaming video

Answer: (SHOW ANSWER)

NEW QUESTION: 97
Refer to exhibit.
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LD
CISCO Cisco Expressway-C

Status» System> Configuration » Applications » Users» Maintenance » 7 04
DN’ u You are here ML@&!& letwork utities * DNS lookup
EES R R NS~

H P T Y o N
| OEJ S C ": (A \ W

Check against ihe following DNS servers (Al v %

company com 60 IN A 2234827
A company com 50 N A 35.71.162.193

A company recently deployed CISCO Jabber Users log in to Jabber by using their email address
in a domain named company com. The users report that they cannot register their telephony
services when working from unless they use a VPN. An engineer runs DNS lookup tool in Cisco
Expressway-C to troubleshoot tie What IS me cause of the issue?

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

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

C. The company com domain must be resolved only in Expressway-E

D. There is a missing SRV record for the company.com domain.

Answer: (SHOW ANSWER)

NEW QUESTION: 98

Which layer is the optimal trust boundary for an untrusted Cisco endpoint?
A. access

B. distribution

C. WAN

D. core

Answer: (SHOW ANSWER)

NEW QUESTION: 99
Refer to the exhibit.
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An engineer verifies the configured of an MGCP gateway. The commands are already configured.
Which command is necessary to enable MGCP?

A. Device(config)# mgcp enable

B. Device (config) # com-manager active

C. Device(config)# ccm-manager enable

D. Device (config)# mgcp

Answer: (SHOW ANSWER)

NEW QUESTION: 100

Which type of message must an administrator c yﬁﬁﬁunk Security Profile for a Message
Waiting Indicator light to work with a W@ﬁ pbetween Cisco UCM and Cisco Unity Connection?

A. 200 OK

B. SIP Register

C. TCP port 5060

D. Unsolicited NOTIFY
Answer: (SHOW ANSWER)

NEW QUESTION: 101

A company has a Cisco collaboration infrastructure that includes Cisco UCM and a Cisco Unified
Border Element. The company CTO asks an engineer to improve security and implement toll
fraud prevention. The engineer configures partitions and a calling search space to provide
segmentation and access control Which two additional configurations are needed to block all
OffNet to OffNet transfers? (Choose two.)

A. Classify the SIP trunk to Cisco Unified Border Element as OffNet

B. Set the Call Classification Cisco CallManager service parameter to OffNet

C. Classify an SIP devices as OffNet

D. Set the Allow offNet to OffNet Transfer Cisco CallManager service parameter to false.

E. Set the Block OffNet to OffNet Transfer CallManager service parameter to true.

Answer: (SHOW ANSWER)

NEW QUESTION: 102

Which DHCP option must be set up tor new phones to obtain the TFTP server IP address?
A. option 120

B. option 66

C. option 15

D. option 6

Answer: B (LEAVE A REPLY)

NEW QUESTION: 103
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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.92.011@

D.9.011*

Answer: (SHOW ANSWER)

NEW QUESTION: 104

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

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

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

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

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

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

Answer: (SHOW ANSWER)

NEW QUESTION: 105
Refer to the exhibit.
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- SIP Trunk Security Profile Information

" .
Name secure SIP Trunk Profile

Description Ncn Sacure SIP Trunk Profiie asthenticated by null String

Device Security S Enzrypted

| Incoming Transport Tyce® TS

Ovtcoing "ransport Type TLS
Enabie Digast Authentication

L

Nonce Validity Time (rmins)

Secure Certificate Sudject 07 Subject Alternate Name

An administrator configures a secure SIP trunk on Cisco UCM.

Which value is needed in the secure certificate subject or subject alternate name field to
accomplish this task?

A. The fully qualified domain name of the remote device that is configured on the SIP trunk.
B. The full qualified domain name of all Cisco UCM nodes that run the CallManager service.
C. The common name of the Cisco UCM CallManager certificate.

D. The common name of the remote device certificates.

Answer: (SHOW ANSWER)

NEW QUESTION: 106

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 UCM, and Cisco Video Communication Server

B. Cisco Unified Border Element, Cisco IM and Presence Server, and Cisco Video
Communication Server

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

Answer: (SHOW ANSWER)
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NEW QUESTION: 107

Which call routing pattern is used for phone numbers that are in the E.164 format?
A. \+.! Route pattern

B. \+.! Translation pattern

C. /+.! Route Pattern

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

Answer: (SHOW ANSWER)

NEW QUESTION: 108

Which DSCP value and PHB equivalent are the default for audio calls?
A. 32 and AF41

B. 48 and EF

C. 34 and AF41

D. 32 and CS4

Answer: (SHOW ANSWER)

NEW QUESTION: 109

Which two access layer switches provide support to provide high-quality voice and take
advantage of the full voice feature set. To provide high-quality voice and take advantage of the
full voice feature set, which two access layer switches provide support? Choose two

A. Map audio and video streams of video calls (AF41 and AF42) to a class-based queue with
weighted random early detection.

B. Use multiple egress queues to provide priority queuing of RTP voice packet streams and the
ability to classify or reclassify traffic and establish a network trust boundary.

C. Deploy RSVP to improve VolP QoS only where it can have a positive Impact on quality and
functionality where there Is limited bandwidth and frequent network congestion.

D. Use 808.1Q trunking and 802.Ip for proper treatment of Layer 2 CoS packet marking on ports
with phones connected.

E. Implement IP RTP header compression on the serial interface to reduce the bandwidth
requlreq per voice call on point-to-point links.

Answer: (SHOW ANSWER)

NEW QUESTION: 110

For Webex Calling, how are outboundsrapsiers e m&as Yestricted for a particular call type?
A. independently on a site-by-site basis

B. independently on an organization-by-organization basis
C. together on an organization-by-organization basis
D. together on a site-by-site basis
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Answer: (SHOW ANSWER)

NEW QUESTION: 111

Which behavior occurs when Cisco UCM has a CallManager group that consists of two
subscribers?

A. Endpoints attempt to register with the top subscriber in the list.

B. Endpoints attempt to register with the bottom subscriber in the list.

C. If a subscriber is rebooted, endpoints deregister until the rebooted system is back in service.
D. Endpoints attempt to register with both subscribers in a load-balanced method.

Answer: (SHOW ANSWER)

NEW QUESTION: 112
Which command enables SIP OAuth mode on a Cisco UCM publisher node?

A. Option A
B. Option D
C. Option B
D. Option C
Answer: (SHOW ANSWER)

NEW QUESTION: 113

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

B. class selector

C. default

D. assured forwarding

Answer: (SHOW ANSWER)

NEW QUESTION: 114

An engineer configures local roule group names to simplify a dial plan. Where does the engineer
set the route groups according to the local route group names that are configured?

A. CSS

B. device pool

C. route list

D. route pattern

Answer: (SHOW ANSWER)
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NEW QUESTION: 115

A DTMF mismatch is occurring between an MGCP gateway registered FXS port and a Cisco
Unified communications Manager SIP trunk. Which media resource can be leveraged to interwork
this mismatch?

A. Annunciator

B. Conference Bridge

C. Media Termination point

D. Trust relay point

Answer: (SHOW ANSWER)

NEW QUESTION: 116

Refer to the exhibit.
_
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Which codec should an engineer select for a call made between "Dallas-REG' & "Austin-REG'?
A. MP4A-LATM

B. G.711

C. OPUS

D. G.729

Answer: (SHOW ANSWER)

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

*G.729

*G. 711

*OPUS

* MP4A-LATM

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

*G.729
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*G.711

*OPUS

* MP4A-LATM

Since both regions have the same codec preference list, the codec that will be used for a call
made between

"Dallas-REG" and "Austin-REG" is G.729.

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

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

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

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

NEW QUESTION: 117

Which two types of trunks can be used when configuring a hybrid Local Gateway for Cisco
Webex Calling?

(Choose Two.)

A. TLS-based

B. certificate-based

C. registration-based

D. authentication-based

E. OAuth-based

Answer: (SHOW ANSWER)

These are the two types of trunks that can be used when configuring a hybrid local gateway for
Cisco Webex Calling1. A TLS-based trunk uses Transport Layer Security (TLS) to secure the SIP
signaling between the hybrid local gateway and Webex Calling1. A registration-based trunk uses
SIP registration to authenticate the hybrid local gateway with Webex Calling and receive calls
from the cloud1.

NEW QUESTION: 118

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

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

B. Call ingress must be normalized before the call being routed.
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C. Normalization is not required.

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

Answer: (SHOW ANSWER)

NEW QUESTION: 119
Refer to the exhibit.

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

A. Strip the leading 011 from the called party number

B. Add the isdn switch-type primart-dms100 command to the serial interface.
C. Add the bearer-cap speech command to the voice port.

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

Answer: (SHOW ANSWER)

NEW QUESTION: 120
Which certificate does the Disaster R@aq‘;agrmﬁa{ﬂﬂt& UM use to encrypt its communications?
A. Cisco CallManager

B. Cisco Tomcat

C. IPsec

D. CAPF

Answer: (SHOW ANSWER)

NEW QUESTION: 121

What should be used to detect common issues on a Cisco I0S XE-based Local Gateway and
generate an email?

A. Real-Time Monitoring Tool

B. diagnostic signatures

C. syslog

D. SNMP

Answer: (SHOW ANSWER)
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Diagnostic signatures are a feature that proactively detects commonly observed issues in the IOS
XE-based Local Gateway and generates email, syslog, or terminal message notification of the
event12. You can also install the diagnostic signatures to automate diagnostics data collection
and transfer collected data to the Cisco TAC case to accelerate resolution time12.

Valid 350-801 Dumps shared by ExamDiscuss.com for Helping Passing 350-801 Exam!
ExamDiscuss.com now offer the newest 350-801 exam dumps, the ExamDiscuss.com
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newest ExamDiscuss.com 350-801 dumps with Test Engine here:
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Special Discount Code: freecram)

NEW QUESTION: 122

Where in Cisco UCM is restrictions on audio bandwidth configured?
A. location

B. partition

C. region

D. serviceability

Answer: (SHOW ANSWER)

NEW QUESTION: 123

What is the function of DiffServ?

A. It provides reserve bandwidth by using RSVP
B. It categorizes traffic.

C. It guarantees end-to-end bandwidth for traffic.
D. It automatically identifies traffic

Answer: (SHOW ANSWER)

NEW QUESTION: 124
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Refer to the exhibit. A user takes a phone from San Francisco to New York for a short
reassignment. The phone was set up to use the San Francisco device pool, and device mobility is
enabled on the Cisco UCM.
The user makes a call that matches a route pattern in a route list that contains the Standard Local
Route Group. To where does the call retreat?
A. The call fails because the Standard Local Route Group is being used only it no configuration is
set for the device pools.
B. The call fails because device mobility is turned on, and the phone is not configured in New
York. The engineer must configure which sites the device should be roaming to.
C. The call egresses in New York because the device automatically is assigned a New York
device pool and uses the local gateway.
D. The call egresses in San Francisco because the user uses device mobility and is allowed to
roam while still keeping the number and resources assigned in San Francisco.
Answer: (SHOW ANSWER)

NEW QUESTION: 125

Regarding SIP integrations with Cisco Unified Communications Manager, if the Cisco Unity
Connection is configured to listen for incoming IPv4 and IPv6 traffic, how should the addressing
mode be set up in the Cisco Unity Connection?

A. Set up IPv4 and IPv6 in cisco Unified CM.

B. Set up for each group to use IPv4 and IPVv6.

C. Set up is not required.

D. Set up media ports for each port group to use IPv4.

Answer: (SHOW ANSWER)

NEW QUESTION: 126
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An administrator needs to stop the leading 9 from outbound calls on an IOS Voice Gateway and
ensure that the system handles 911 emergency calls Which configuration is needed to
accomplish this task?

lation-rule |
rule 1 /979117 /511/

rule 2 /9 (.*\)/ JA\O,

volce transl

voice tra
rule 1 /9?9117 /911/
5 )

rule 2 /AN (.*\)/ /AL/

volce translation-rile 1
rule 1 /*9%(.*\)/ /\1/
rule 2 /92911/ /911/

voice translation-pule |
rule 1 /92911/ /91l/
rule 2 /*9\(.*\)/ /W&

A. Option D

B. Option A

C. Option B

D. Option C

Answer: (SHOW ANSWER)

NEW QUESTION: 127

Which values must be enabled to set up QoS for video conferencing on a VolP network?
A. AP41 and DSCP 34

B. CS3 and DSCP 24

C. AF31 and DSCP 34

D. CS4 and DSCP 32

Answer: (SHOW ANSWER)

NEW QUESTION: 128

Which action prevent toll fraud in Cisco Unified Communication Manager?
A. Configure ad hoc conference restriction

B. Implement route patterns in Cisco Unified CM

C. Allow off-net to off-net transfer
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D. Implement toll fraud restriction in the Cisco I0S router
Answer: (SHOW ANSWER)

NEW QUESTION: 129
Drag and drop the SNMPv3 message types from the left onto the corresponding definitions on the

right.

messages used to modify a value of an object
¢ variable

ﬁgnré(féﬁ_é";h‘i‘r’éssages that alert the SNMP
. manager to a condition on the network

reliable messages that alert the SNMP manager
to a condition on the network

INFORM messages used to retrieve an object instance

Answer:

oy -, Liole
| INFORMC I s c o

=
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SET

TRAP

INFORM

GET

NEW QUESTION: 130

How does Cisco UCM perform a digit analysis c&lia%mqﬂﬂéok for an outbound call from a

Cisco IP phone that is registered to (ﬁcﬂ@ﬁ
A. On-hook. no digit analysis is performed; off-hook. UCM requires the '#" to start the digit

analysis

B. On-hook. UCM considers all digits were dialed and does not wait for additional digits; off-hook.
UCM performs a digit-by-digit analysis.

C. On-hook. by pressing the digits and entering "#" to process the call. UCM performs a digit-by-
digit analysis; off-hook. UCM analyzes all digits as a string.

D. On-hook. UCM performs a digit-by-digit analysis; off-hook. UCM considers all digits were
dialed and does not wait for additional digits.

Answer: (SHOW ANSWER)

NEW QUESTION: 131

Which Webex Calling dial plan settings restrict a user from placing a particular outbound call
type?

A. Block

B. Transfer to Number

C. Reject

D. Restrict

Answer: (SHOW ANSWER)
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The Restrict setting in the Webex Calling dial plan prevents users from placing certain types of
outbound calls. For example, you can use the Restrict setting to prevent users from making
international calls or calls to premium-rate numbers.

The Block setting in the Webex Calling dial plan prevents users from placing any outbound calls.
The Transfer to Number setting in the Webex Calling dial plan transfers all outbound calls to a
specified number.

The Reject setting in the Webex Calling dial plan rejects all outbound calls.

Here is a table summarizing the different dial plan settings and their effects:

Dial Plan Setting

Effect

Block

Prevents users from placing any outbound calls.

Transfer to Number

Transfers all outbound calls to a specified number.

Reject

Rejects all outbound calls.

Restrict

Prevents users from placing certain types of outbound calls.

NEW QUESTION: 132

An administrator must implement a new Cisco Unity Connection cluster integrated with LDAP for
users and SIP with Cisco UCM. Assuming a phone system and LDAP directory has been
configured, how must the administrator add a new user mailbox with message waiting indication
functionality to this setup?

A. Manually configure the new user with required parameters, and set up MWI on and off DNs in
Cisco UCM.

B. Import the new user from LDAP, configure the mailbox, and set up MWI on and off DNs in
Cisco UCM.

C. Sync the new user from Cisco UCM using AXL setup, and set up MWI on and off DNs in Cisco
UCM.

D. Import the new user from LDAP, configure the mailbox, and configure a SIP trunk for MWI
functionality.

Answer: (SHOW ANSWER)

NEW QUESTION: 133
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Endpoint A:

m=audio 21796 RTP/AVP 108 9 104 105 10!
b=TIAS:64000

a=extmap: 14 http://protocols.cisco.com/timestamp# 1 00us
a=rtpmap: 108 MP4A-LATM/90000

a=fmtp: 108 bitrate=64000;profile-level-id=24;0bject=23
a=rtpmap:9 G722/8000

a=rtpmap: 104 G7221/16000

a=fmtp: 104 bitrate=32000

a=rtpmap: 105 G7221/16000

a=fmtp: 105 bitrate=24000

a=rtpmap:101 telephone-event/8000

a=fmtp:101 0-15

a=trafficclass:conversational.audio.immersive.aq:admitted

Endpoint B:

myaudio 21796 RTP/AVP 1050 8 18 101

b S:64000

a=extmap: 14 http://protocols.cisco.com/timestamp#100us
a=rtpmap: 105 G7221/16000

a=fmtp: 1035 bitrate=24000

a=rtpmap:0 PCMU/8000

a=ripmap:8 PCMA/8000

a=ripmap?l 8 G729/8000

a=fmtp:18 annexb=no.

=rtpmap: 1 0L tel
a=rtpmap: 101 telephone-event/8000
a=fmtp:101 0-15
a=trafficclass:conversptional.audic.immersive.aq:admitted

Refer to the exhibit. Endpoint A calls endpoint B. What is the only audio codec that is used for the
call?

A. G7221/16000

B. Telephone-event/8000

C. PCMA/8000

D. G722/8000

Answer: (SHOW ANSWER)

NEW QUESTION: 134
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Refer to the exhibit A call from +1 613 555 1234 that is sent out through the Nice Gateways
should result in a calling party of 001 613 555 1234 with the numbering type "international' Which
configuration accomplishes this goal?
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__.4 :_J:." LS pre-dol national
-
! pre-dal o imlsrnatonal
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France_calling_xlorms
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7 7

Ottawa
Gatrway's

w33 pre-cot

A. \+1.1 none pre-dot 001 international
B. \+.001! pre-dot 1 international

C. \+.! pre-dot 00 international

D. 613XXXXXXX none +011 internationa
Answer: (SHOW ANSWER)

NEW QUESTION: 135

Gatewayl#show sccp

SCCP Admin State: UP

Gateway Local Interface: Loopback®
IPv4 Address: 192.168.12.1
Port Number: 2000

_Gatewaylﬁ
Gatewayl#show ccm-manager
% Call 'Manager Application is pot enabled

Gatewayl#

Gatewayl#show mgcp

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

MGCP call-agent: none Initial protocol service is MGCP 8.1

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

Refer to the exhibit. 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?
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(Choose two.)

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

B. Enter "mgcp" on the gateway in configuration mode.

C. Delete and re-add the gateway configuration in Cisco UCM.

D. Enter "ccm-manager config" on the gateway in configuration mode.
E. Enter "ccm-manager mgcp" on the gateway in configuration mode.
Answer: (SHOW ANSWER)

NEW QUESTION: 136

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 PVDM4-128

B. Cisco Webex Meetings Server

C. software conference bridge on Cisco UCM

D. Cisco Meeting Server

Answer: (SHOW ANSWER)

Valid 350-801 Dumps shared by ExamDiscuss.com for Helping Passing 350-801 Exam!
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NEW QUESTION: 137

000193: Dec 5 14:35:31.054: ISDN Se0/1/0:15Q921: 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 S5 14:35:34.054: ISDN Se0/1/0:15 Q921: User TX -> SABMEp sapi=0 tei=0

Refer to the exhibit. Given this "debug isdn g921" output, what is the problem with the PRI?
A. PRI does not have an IP address configured on the interface.

B. Layer 1 is down on the controller.

C. Layer 2 is down on the controller.

D. Nothing, the PRI is sending keepalives.

Answer: (SHOW ANSWER)

NEW QUESTION: 138
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An administrator is asked to implement toll fraud prevention in Cisco UCM, specifically to restrict
off-net to off-net call transfers. How is this implemented?

A. Enforce ad-hoc conference restrictions.

B. Set the appropriate service parameter.

C. Implement time-of-day routing.

D. Use the correct route filters.

Answer: (SHOW ANSWER)

To restrict off-net to off-net call transfers, an administrator can set the "Block Offnet to Offnet

Transfer" service parameter to "On". This will prevent users from transferring calls from one
external number to another external number.

The other options are not correct because:

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

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

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

NEW QUESTION: 139

Endpoint A:
m-awudio 21796 RTP/AVP 108 9 104 105 101
b=TIAS 64000

a=extmap: 14 http://protocols. cisco.com/timestamp# | 00us
a~rtpmap: 108 MP4A-LATM/90000

a~fimtp: 108 bitrate - 64000; profile-level-id=24;object~23
a~ripmap:9 G722/8000

a=rtpmap: 104 G7221/16000

a~fmitp: 104 bitrate=32000

a=rtpmap: 105 G7221/16000
a~fmtp: 105 bitrate~24000
101 telephone-event/8000
a~fmtp: 101 0-15 _
l-u-t;inclnw :convessational. audic.ammers ive.aq:admitted

Endpoint B:
m=audie 21796 RTP/AVP 10508 18 101

b=TILAS: 64000 \

a—extmap: 14 http:ﬂpu-mncuh.ciscn.cumfunmumpﬂ 100us
a~rtpmap: 105 G7221/16000
a=fmitp: 105 bitrate=24000
a=rtpmap:0 PCMU/B000
a=rtpmap:8 PCMA/B8000
a~rtpmap:18 G729/8000 "| !
a=fmtp:18 mﬁ#lﬂ_i | @ i o
a=ripmap: 101 'tdldphbr.ll!-m M
a=fmtp:101 0-15
a=trafficclass:

Refer to the exhibit.

Jaq:admitted
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Endpoint A calls endpoint B. What is the only audio codec that can be used for the call?
A. Telephone-event/8000

B. G7221/46000

C. G722/8000

D. PCMA/8000

Answer: (SHOW ANSWER)

NEW QUESTION: 140

Callers from a branch report getting busy tones intermittetly when trying to reach colleagues in
other office branches during peak hours. An engineer collects Cisco CallManager service traes to
examine the situation. The traces show:

50805567.000 |07:35:39.676,|Sd! Sig |StationOoutputDisplayNotify |restart0
|StaatinD(1,100,63,6382) |StienCdpc(1,100,64,4725) |1,100,40,6.709919/*A*
|[R:N-H:0,L:0,V:0,Z:0,D:0] TimeOutValue=10 Status=x807 Unicode Status=Locale=1
50805567.001 |07:35:39.676 |Appinfo |StationD: (0006382) DisplayNotify
timeOutValue=10 notify="x807" content="Not Enough Bandwidth’ ver=85720014.

What should be fixed to resolve the issue?
A. region configuration

B. geolocation configuration

C. codec configuration

D. class of service configuration

Answer: (SHOW ANSWER)

NEW QUESTION: 141

An engineer is integrating Unity Connection with Cisco UCM. Which two actions must be
configured so that recording and playback from the IP phones works at all times, including peak
traffic hours? (Choose two.)

A. Ensure that you have set up SIP Digest Authentication on the SIP trunk security profile.

B. Increase the number of voice ports.

C. Add dedicated dial-out ports with the allow trap connections setting selected.

D. The phone system to which the phones are registered in Unity Connection has the Default
Trap Switch check box enabled.

E. If it's a Unity Connection Cluster, ensure that replication is fine and not in split-brain mode.
Answer: (SHOW ANSWER)

NEW QUESTION: 142

Which action prevents toll fraud in Cisco UCM?
A. Implement route patterns in Cisco UCM.

B. Configure ad hoc conference restriction.
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C. Allow off-net to off-net transfers.
D. Implement toll fraud restriction in the Cisco 10S router.
Answer: (SHOW ANSWER)

NEW QUESTION: 143

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

A. 5 min

B. 30 min

C. 10 min

D. 60 min

Answer: (SHOW ANSWER)

NEW QUESTION: 144

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

A. secure reverse proxy firewall traversal connectivity

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

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: (SHOW ANSWER)

NEW QUESTION: 145

Which issue cause slips on a PRI?
A. incorrectly configured time zone
B. incorrect encapsulation

C. incorrect dock source

D. change in the line code
Answer: C (LEAVE A REPLY)

NEW QUESTION: 146
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Bearer Capability | = Ox8090A2
Standard = CCITT
Transfer Capability = Speech
Transfer Mode = Circuit
Transfer Rate = 64 kbit/s
Channel ID | = 0xA98388
Exclusive, Channel 8
Calling Party Number(l = 0x2181, '5125551212"
Plan: ISDN, Type:National
Called Party Nuimber i = OxA1, ‘2145551212’
Plan:ISON, Type:National
Mar 102:35:37:ISDN Se0/1/1:23 Q931! RX <- CALL_PROC pd = 8 caliref = 0x809A
Channel ID | = OxA98388
Exclusive, Channel 8

interface Serial0/1/1:23
description PRI Circuit to R1
no ip address
encapsulation hdlc
isdn switch-type primary-ni
isdn protocol-emulate network
isdn incoming-voice voice
no cdp enable
Refer to the exhibit. An engineer is troubleshooting why PSTN phones are not receiving the
caller's name when called from a remote Cisco UCM site. An ISDN PRI connection is being used
to reach the PSTN What must the administrator select to resolve the issue?
A. isdn send display le
B. isdn supp-service name calling
C. isdn outgoing display-ie
D. isdn enable did
Answer: (SHOW ANSWER)

NEW QUESTION: 147

An engineer must configure a SIP route pattern using domain routing with destination
+13135551212. The domain ciscocm1.jupiter.com resolves to 192.168.1.3. How must the IPV4
Pattern be configured?

A.\+13135551212@192.168.1.3

B. 192.168.1.3

C. ciscocm1.jupiter.com

D. +13135551212@192.168.1.3

Answer: (SHOW ANSWER)
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NEW QUESTION: 148

Via: SPe/2W0/UBP 192.195.190.200: 3060 Branch=29hG4bKF1FED

From: "7000% <fip:70008162,1687100.200>;tag=43CDE~-1R22

To: <sip:200401%92.168.100_ 100>

Call-I0: ZSBCROMS4CREIERSET] cASTTSRIC461268192, 168, 10

Supported@l00cal, TiT8E, BRsourGR-pa¥ority, replaces, sdp-anat

Min-SE: 199@

User-Agent: Cisco-SIPGateway/I0S5-16.%.5

Rllow: INVITE, OPTIONS, BYE, CANCEL, ACK, PRACK, UPDATE, REFER,WSUBSCRIBE, NOTIFY, INFO, REGISTER
CSeq: 101 INVITE

Contact: <sip:70008192,.16€8.100.200:5060>

Max-Forwards: &8

P-Asserted-Identity: "7000" <sip:700081%92.16F.100.300>
Session-Explires:
Content-Type: application/sdp
Content-Length: 254

v=0
peCiscoSystemsSIP-GR-Useshgent 5871 9574 IN IP4 152.166.100.200
s=3IPF Call

02 RTR/SAVE O
c=IN IP4d 1952 {
asrtpmap:0 P

a=ptime:20

Refer to the exhibit. Calls to Cisco Unity Connection are failing across Cisco Unified Border
Element when callers try to select a menu prompt Why is this happening and how is it fixed?

A. Cisco Unity Connection is configured on G.729 only. Cisco Unity Connection must be
reconfigured to support iLBC.

B. The Cisco Unity Connection Call Handler is configured for a "Release to Switch" transfer type
Transfers must be disabled for the Cisco Unity Connection Call Handler

C. Cisco Unified Border Element is sending the incorrect media IP address. The IP address of the
loopback interface must be advertised in the SDP

D. Cisco Unified Border Element is not sending any support for DTMF. OTMF configuration must
be added to the appropriate dial peer.

Answer: (SHOW ANSWER)

NEW QUESTION: 149

On a cisco catalyst switch which command is required to send CDP packets on a switch port that
configures a cisco IP phone to transmit voice traffic in 802.1q frames tagged with the voice VLAN
ID 2217

A. Device(config-if)# switchport access vlan 221

B. Device(config~if)y# switchport trunk allowed vian 221

C. Device(config-if)# switchport vian voice 221

D. Device(config-if}# switchport voice vian 221

Answer: D (LEAVE A REPLY)
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NEW QUESTION: 150

Phone A 7

User Hold Audio Source = Audio-sourced User Heold Audia Spurce = Audio-source2
Media Resource Group List = MRGL A Media Resource Group List = MRGL B
|

Refer to the exhibit There is a call flow between Phone A and Phone B Phone B (holder) places
Phone A (holder) on hold Which MRGL and Audio Source are played to Phone A?

A. MRGL A and Audio Source 4

B. MRGL B and Audio Source 4

C. MRGL A and Audio Source 2

D. MRGL B and Audio Source 2

Answer: (SHOW ANSWER)

NEW QUESTION: 151

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

A. Cisco Unified Border Element, Cisco UCM, 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 Element, Cisco IM and Presence Server and Cisco Video
Communication Server

Answer: (SHOW ANSWER)
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NEW QUESTION: 152
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An administrator works with an ISDN PRI that is connected to a third-party PBX. The ISDN link
does not come up. and the administrator finds that the third-party PBX uses the OSIG signaling
method. Which command enables the Cisco IOS Gateway to use QSIG signaling on the ISDN
link?

A. isdn switch-type primary-gsig

B. isdn switch-type basic-gsig

C. isdn incoming-voice voice

D. isdn switch-type basic-ni

Answer: (SHOW ANSWER)

NEW QUESTION: 153
Refer to the exhibit.

voice service voip
1p address trusted list
ipvd 192.168.100.101
3pvd 192.168.101.0 255.255.255.128

didlspeend voice l-vOip

destigatdon-pattern +T

; \ :

se351oﬂ protocol sipv2

session target ipv4:192.168.102.102
dtmf-relay rtp-nte

codec g71lulaw

no vad

When a call is received on Cisco Unified Border Element. from which
IP does it allow a connection?

A. 192.168.102.102

B. 192.168.101.201

C. 192.168.100.103

D. 192.168.100.102

Answer: (SHOW ANSWER)
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NEW QUESTION: 154

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

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

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

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

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

Answer: (SHOW ANSWER)

NEW QUESTION: 155

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

A. SSO

B. MGCP gateway registration

C. H.323 registration proxy to Cisco Unified Communications Manager

D. SRST

Answer: (SHOW ANSWER)

NEW QUESTION: 156

A collaboration engineer inherits the responsibilities of another engineer. The previous engineer
implemented a SIP integration between Cisco Unity Connection and Cisco UCM. Users can leave
messages, but the Message Waiting Indicator is unconfigured. Which two actions must the
engineer perform to enable MWI?

(Choose two.)

A. From Cisco UCM. open the SIP Trunk Security Profile Information menu and select Accept
Unsolicited Notification.

B. From Message Waiting Indicators in Unity Connection, select Send Message Counts

C. From Cisco UCM, select Advanced Features, select Voice Mail, select Message Waiting, and
configure the message waiting numbers.

D. From Port Group in Unity Connection, select Enable Message Waiting Indicators.

E. From Message Waiting Indicator Settings in Unity Connection, enable MWI for each user.
Answer: (SHOW ANSWER)

NEW QUESTION: 157
What are two differences between media flow-around and media flow-through on cisco unified
Border element? (Choose two.)
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A. When using media flow-through, the call signaling goes through the Cisco Unified Border
Element, but media is not passed through When using media flow-around, both call signaling and
media do not go through the Cisco Unified Border Element

B. When using media flow-through, call signaling goes through the Cisco Unified Border Element,
but media does not

C. When using media flow-around, the can signaling goes through the Cisco Unified Border
Element, but media is not passed through It.

D. When using media flow-through, the call signaling and media are passed through the Cisco
Unified Border Element

Answer: (SHOW ANSWER)

NEW QUESTION: 158
Exhibit.

voice class codec 10

codec preference 1 ¢g711ulaw
codec preference 2 g72N8
codec preference 3 ilbc

video codec h264
L)

e — O ———————————————————
Configuration of DNS is required to achieve a fully functional Cisco UCM system. Cisco UCM

uses DNS to resolve fully qualified domain names to IP addresses for which destinations?
A. MRA

B. AAR

C. trunk

D. H.323

Answer: (SHOW ANSWER)

NEW QUESTION: 159

An administrator must make a pattern to route calls to two different destinations john
doe@company com and jane doe@company com Which type of patterns are needed in the
Cisco UCM. and what must the pattern look like?

A. A regular route pattern with URI feature enable in the configuration page. The pattern must
look like this:(*@company.com)
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B. A regular route pattern with URI feature enable in the configuration page. The pattern must
look like this:MATCH(*@company.com)

C. A SIP route pattern that looks like the *@company.com

D. A SIP route pattern that looks like this company.com

Answer: A (LEAVE A REPLY)

NEW QUESTION: 160

Guidelines

This is a lab item in which tasks will be performed on virtual devices.

* Refer to the Tasks tab to view the tasks for this lab item.

* Refer to the Topology tab to access the device console(s) and perform the tasks.

* Console access is available for all required devices by clicking the device icon or using the
tab(s) above the console window.

* All necessary preconfigurations have been applied.

* Do not change the enable password or hostname for any device.

* Save your configurations to NVRAM before moving to the next item.

* Click Next at the bottom of the screen to submit this lab and move to the next question.
* When Next is clicked, the lab closes and cannot be reopened.

Topology
DISTRO-SW01
E0O
EQ/2 EO/3
ACCESS-SWO01
E0/0
E0/1 ro
« EO0/2 EOQ/3
EO0/M
DISTRO-SW02
Tasks

The operations team started configuring network devices for a new site.
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Complete the configurations to achieve these goals:
1. Ensure that port channel Po1 between DISTRO-SWO01 and DISTRO-SWO02 is operational using
the LACP protocol. Configuration changes for this task must be made on DISTRO-SWO01.

2. Ensure that traffic on VLAN 10 is carried as untagged traffic between DISTRO-SWO01 and
DISTRO-SWO02.

3. Complete the Rapid-PVST+ configuration on DISTRO-SW2 by ensuring it it the secondary root
switch for all VLANSs in the range of 1 to 1005.
DISTRO-SWO01

01>
>2n
i0l#config
figuratiocn command one pe ne. with CNTL/Z.
£fig) 4
(config) ¥
{cont lx}
(contlig
conilig-11)¥nt nanne l up
{config }4no channel oup
DISTRO-SWO1 (config ) $no channel oup
DISTRO-SWO1 (config-1if) #no channel-groug
DISTRO-SWO1 (config-i
* Jul 10 20:07:53.469 tLINEPROTO-5-UPDOWN: Line protocol on Interface Ethernetd/0,
changed state Lo up
DISTRO-SWO1 miig
DISTRO-SWO1
DISTRO-SWO1
MISTRO-SWO1
Y TSTRO-SWO1
DISTRO-SWO1 (config)
ISTRO-SWO1 (confiqg)
DISTRO~-SWO1l (config

DISTRO-SWO1l (confi
DISTRO-SWOl (config
R

DISTRO-SWO1 (cofifig

DISTRO-SWO1 (comitqg

ol
tHh Hh

C

.
M F M
o

aa AEGECT
"~

i ud ohdasld
o 0 D

=
*ETECTE

E E B
T D

)

DISTRO-SWO1 (config range) fchannel
range)§

* Jul 10 20:08:25.239: JLINEPROTO-S-UPDOWN: Line ctocol on Ethernet0/2,
;:!;;’1!:‘.'_.".‘-: state To up

20:08:25.239: SLINEPROTO-S-UPDOWN: Line protocol or ace Ethernet0/3,
changed statce To up

DISTRO-SWO1l (config-if-range) fexit

DISTRO-SWO1 (config) §

* Jul 10 20:08:31.447: SLINK-3-UPDOWN: Interface ort 1 @anged state

* Jul 10 20:08:32.451: :LINEPROTO-S5-UPDOWN: Line ytocol on Inferface Ethermet0/3,

T

#

o]

DISTRO-SWO1 (confiig

&
=

changed state Co up
DISTRO-SWO1 (config) |}
DISTRO-SWO1 (config) e
DISTRO-SWO

* Jul

- s

LDiaslTK

DISTRO-SW

DISTRO-SWO




DISTRO-SW02
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Wy
ot
(5]

(S S S RS
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Answer:
see the answer in explanation below.



Task 1. Ensure that port channel Pol between DISTRO-SWOL and DISTRO-SWO2 is operational using the LACP protocol.
Configuration changes

for this task must be made on DISTRO-SW0.

The port towards to ACCESS-5W1 was part of port channel 1 which was used towards to DISTRO-SW02, so remove the part channel
config pointing to the ACCESS-5W1 first.

DISTRO-SWO1(config)aint e0/D
DISTRO-SWO1{config-ifi#na channel-group 1

S5el the LACP made active on this switch:
DISTRO-5WO1{config-if)#int range 0/2 - 3
DISTRO-SWO1{config-ifigchannel-group 1 mode active

Verification: ;
We can verify if the Port-channel was formed with the “show etherchannel sGmmany™ command
DISTRO-SWO1M show etherchannel summary
- oulput omitted —
Suggested Answer: Number of channel-groups in use: 1 . i
Number of aggregators: 1
Group Port-channel Protocol Ports
...... +. +* +. e
1 Pal[su) LACP  EW0/2(P) EQ/3(Rh,
If we see the “Pol{SU)" means our :mﬁgmnm worked correctly.

Task 2. Ensure that traffic an WANAD is Carried as untagged traffic botween DISTRO-SWO1 andi)qr R&}W

DISTRO-5WO1,DISTROSSWOR| config)#interface port-channel 1
DISTREO-SWO1, DISTROSWONeon g - ifiswitchpon trunk native vian 10

Task 3. Complete the Rapid-FV5T+ configuration on DISTRO-5W2 by ensuring it is the secondary root switch for all VLANS in the
range of 1 to 1005,

DISTRO-5W02(config)#spanning-tree vian 1-1005 root secondary
Save the confliguration
DSW1.DSW2({configl#copy running-config startup-config

NEW QUESTION: 161

Where would an administrator assign the system shadow location for implementing intercluster
enhanced locations CAC in Cisco UCM?

A. SIP intercluster trunk

B. H.225 trunk

C. gatekeeper-controlled inter cluster trunk

D. nongatekeeper-controlled intercluster trunk

Answer: (SHOW ANSWER)

NEW QUESTION: 162
Refer to the exhibit.
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User 2 (SIP IP Phone)

P EL RN SRR EE R R R R R R R

{1, BVE |

[IJ Oracorvrmst

https://i.postimg.cc/wMYyOFhm/image.png

Drag and drop the flow step labels from the left into the correct order on the right to establish this
call flow:

* User 1 calls user 2.

* User 2 answers the call

* user 2 disconnects the call

E

1. = -
wovervageded D o 0§ Do

100 Trying
Connect ACK
180 Ringing

Answer:



] |
I
|| two-way voice path : : 100 Trying :
‘ |
]

two-way RTP channel :r 180 Ringing E
oy =
100 Trying : two-way voice path :
h— = & il
i o
Connect ACK :_ . Connect ACK g :
r N st
180 Ringing : 5 two-way RTP channel ) _:
Explanation:
1.100 Trying
2.180 Ringing

3.two-way voice path
4.Connect ACK
5.two-way RTP channel

NEW QUESTION: 163

Which Cisco UCM configuration is required for SIP MWI integrations?

A. Enable "Accept unsolicited notification" on the SIP Trunk Security Profile.

B. Select "Redirecting Diversion Header Delivery - Inbound" on the SIP trunk.
C. Enable "Accept presence subscription" on the SIP Trunk Security Profile.

D. Select "Redirecting Diversion Header Delivery - Outbound" on the SIP trunk.
Answer: (SHOW ANSWER)

NEW QUESTION: 164

What is a capability of a Cisco I0S XE media resource?

A. It provides a hardware conferencing solution.

B. It provides call forwarding capabilities.

C. It provides redundancy for voice calls.

D. It provides a voice packet optimization solution.

Answer: A (LEAVE A REPLY)

A Cisco I0S XE media resource provides a hardware conferencing solution. It can be used to mix
multiple media streams, such as audio and video, into a single stream that can be sent to all
participants in a conference call. This is done using a digital signal processor (DSP), which is a
specialized processor that is designed to handle the processing of digital signals, such as audio
and video.

NEW QUESTION: 165
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Inside firew all DMZ Qutside firewall

(Intranet) (public Internet)
Collaboratlm
(S _E’_g ~ip-f —‘ -----
J Unified Mobile
Expressway-C. 7 Expressway-E :
’;" CcMm . endpoint
/ N

__‘II ______

On-premise endpoint
Refer to the exhibit. When making a call to a Mobile and Remote Access client, what are the

combinations of protocol on each of the different sections A-B-C?
A. SIP TLS (A) + SIP TLS (B) + SIP TLS (C)

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

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

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

Answer: (SHOW ANSWER)

NEW QUESTION: 166

An engineer is configuring a Cisco I0S XE gateway to join three callers together in the same
conversation.

Which I0OS XE media resource must the engineer configure to accomplish this goal?

A. 10S XE Hardware Conference Bridge

B. IOS XE Hardware Transcoder

C. IOS XE Software MTP

D. IOS XE Hardware MTP

Answer: (SHOW ANSWER)
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NEW QUESTION: 167
What is the cisco UCM service parameter default value for DSCP for Telepresence calls ?
A. AF41
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B.CS4

C.CS3

D. EF

Answer: (SHOW ANSWER)

NEW QUESTION: 168
An engineer must configure a new Cisco UCM translation pattern to convert 915555555555 into
1665 Which translation pattern must be used?

Transiation pattern: 9155555555 55
Called-party transformation discard digits: PreDot
Calling-party transformationmask 1665

Transiation patiern, 81555555 55655
Called-party transformation discard digits: PreAt
Calling-party transformation prefix digits. 1665

= Transiabion pattern: 91555556565 .5
Called-party transformation discard digits: PreDot
Called-party transformation prefix digits: 166

A. Option D
B. Option A
C. Option C
D. Option B
Answer: (SHOW ANSWER)

NEW QUESTION: 169

Which Cisco unity Connection handler plays a greeting at announces the option to dial a user
extension by default?

A. the Interview handler

B. the Goodbye call handler

C. the Directory handler
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D. the operator call handler
Answer: (SHOW ANSWER)

NEW QUESTION: 170
A customer asked to integrate Unity Connection &ﬂ%hﬁi@_jﬁﬁ(%ﬁﬂg SIP protocol. Which two
features must be enabled on SIP sedfity gcfiles? tCHoose two.)

A. accept presence subscription

B. accept replaces header

C. accept unsolicited notification

D. enable application-level authorization
E. allow changing header

Answer: (SHOW ANSWER)

NEW QUESTION: 171

Why is an end user's PC device not included in a QoS trust boundary?

A. The end user could incorrectly tag their traffic to advertise their PC as a default gateway.
B. There is no reason not to include an end user's PC device in a QoS trust boundary.

C. The end user may Incorrectly tag their traffic k> be prioritized over other network traffic.
D. The end user could incorrectly tag their traffic to bypass firewalls.

Answer: (SHOW ANSWER)

NEW QUESTION: 172

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

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

B. Configure an SCCP integration with Cisco UCM.

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

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

Answer: (SHOW ANSWER)

NEW QUESTION: 173

The chief officer at a company must reduce collaboration infrastructure costs by onbording all on-
permises equipment to the cloud by using CISCO Webex Control Hub. Administrators need the
ability to manage upgrades and set up hot desking for on-premises devices.

Which action must be taken before on boardng devices by using the Control Hub?

A. Configure tie Control Hub organization ID on the devices

B. Acquire a license for each device.

C. Allow HTTP traffic from each device to Control Hub.

D. Upgrade all the devices to software version CE9.15 or later

Answer: (SHOW ANSWER)
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This is a prerequisite for using the Device Connector tool, which allows you to onboard and
register several devices simultaneously to the Webex Control Hub1. The Device Connector tool
creates a workspace, an activation code, and activates all of your devices in one go1. This way
you don't need to be physically present in the same room to activate the devices.

The other options are not required before onboarding devices by using the Control Hub:

* Configuring the Control Hub organization ID on the devices is not necessary, as the Device
Connector tool will send the device information to your Webex organization and generate
activation codes for them

1.

* Acquiring a license for each device is not necessary, as you can assign licenses to users and
devices after they are registered to the Webex Control Hub2.

* Allowing HTTP traffic from each device to Control Hub is not necessary, as HTTPS connectivity
is required for the Device Connector tool to communicate with the devices1.

NEW QUESTION: 174

Which transport protocol does the application layer protocol SNMP use?
A. HTTP

B. UDP

C.SIP

D. XML

Answer: (SHOW ANSWER)
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