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NEW QUESTION 1

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?

E"‘ir‘:rl HoMh

MNAMNF caled storms

Pl Erm rscand prefo Cypme
France CaPTP ™ w1 pre-aot natonal
'y
l ndBATY pre-dot on nabonal
L]
. i
hic E:::::'w‘ i YOW caled xiorms
i
: == pattom e mre profa  typo
X W81 29DO0ON pre-dot subscriber
" France_ CgPTP -
T Fmnce cabod xionms
: = calern decard prefa  type
[
: 't pre-dot o0 inter nabonl
M ' )
Ciat . i .| pre-dot 0 natonal
i
L]
n NANP calng xforma
YOW F.:ﬂ?m paltenm descard predm  type
B ol | T pre-dot national
[
i b ! ot on intarnateonal
i
i i
(‘Tﬂm_l | g France caling xborms
! L : pattem dmcard prolm  Type
NANP CgPTP — 2 ? 2 ?
i .'vT‘uirq-.' et e ata ol i \:nn - -;rl-l.l-llu-u1
France CgPTP -
i France caled wlorms
: = callem dscand prafi  tyme
1 ™ pre-cot o0 miematiconal
Noe i
Gateways : 33! pre=cial ] naliconal
i
" NANP callng xiorms
YOw F‘PTF pattom decard profx fype
p ! | L pre-dot natonal
|
i ! pia-dol on mlptnabonal
|
4
Crtawa : >
: . France caling xlorms
Gatwways : [atiam decard profia  type
NANP CoPTP —— ? ? ? ?
+33! pea-clol 0 naticnal

A. \+.001! pre-dot 1 international
B. \+1.1 none pre-dot 001 international
C. \+.! pre-dot 00 international

D. 613XXXXXXX none +011 internationa

Answer: C

NEW QUESTION 2

A Cisco voice gateway is configured to use a sip-kpml DTMF relay in global settings. A new SIP dial peer is configured for a third-party application that only
supports an in-band DTMF relay. Which commands must an engineer run on the dial peer?

A. dtmf-relay sip-info

B. dtmf-relay sip-notify
C. dtmf-relay rtp-net

D. no dtmf-relay sip-kpml

Answer: C

NEW QUESTION 3

According to the QoS Baseline Model, drag and drop the applications from the left onto the Per-Hop Behavior values on the right.
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voice AF11
interactive video Ccs2
bulk data © EF
call-signaling AF31/CS3
network management AF41
A. Mastered
B. Not Mastered
Answer: A
Explanation:
Vioice interactive video
interactive video network management
bulk data voioe
call-signaling call-signaling
network management bulk data
NEW QUESTION 4

What describes the outcome when the trust boundary is defined at the Cisco IP phone?

A. Packets or Ethernet frames are remarked at the distribution layer switch.
B. Packets or Ethernet frames are not remarked at the access layer switch.
C. Packets or Ethernet frames are not remarked by the IP phone.

D. Packets or Ethernet frames are remarked at the access layer switch.

Answer: B

NEW QUESTION 5

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 |Sdl Sig |StationOoutputDisplayNotify |restart0
|StaatinD(1,100,63,6382) |StionCdpc(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
timeOQutValue=10 notify="x807' content="Not Enough Bandwidth’ ver=85720014.

What should be fixed to resolve the issue?
A. class of service configuration

B. region configuration

C. geolocation configuration

D. codec configuration

Answer: B
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NEW QUESTION 6
Which Cisco IM and Presence service handles failover and state changes in the cluster?

A. XCP Sync Agent

B. Cisco Server Recovery Manager
C. Cisco XCP Connection Manager
D. XCP router

Answer: B

NEW QUESTION 7
Refer to the exhibit. Which two codec permutations should be transcoded by this dspfarm? (Choose two.)

A.iLBC to G.711ulaw

B. G.728br8 to G.711lalaw
C. G.729r8 to G.711ulaw
D. G.722 to G.729r8

E. G.729ar8 to G.711lalaw

Answer: CE

NEW QUESTION 8
An engineer is configuring Cisco Jabber for Windows and must implement desk phone control mode for some of the users. Which access control group must be
configured for those users to enable this functionality?

A. Allow Control of Device from CTI

B. Standard CTI Secure Connection

C. Standard CTI Enabled

D. Standard CTI Allow Reception of SRTP Key Material

Answer: C

NEW QUESTION 9
What are two common attributes of XMPP XML stanzas? (Choase two.)

A. from

B. to

C. destination
D. version

E. Source

Answer: AB

NEW QUESTION 10
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. 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.

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

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

D. 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.

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

Answer: AB

NEW QUESTION 10
When configure Cisco UCM,which configuration enables phones to automatically reregister to a Cisco UCM publisher 'when the connection to the subscriber is
lost?

A. SRST

B. Route Group
C. Cisco UCM
D. Device Pool

Answer: A

Explanation:

SRST, or Survivable Remote Site Telephony, is a feature that allows Cisco IP phones to continue to function even when the connection to the Cisco UCM
publisher is lost. When SRST is configured, the phones will automatically reregister to the publisher when the connection is restored.

Route groups are used to route calls to different destinations based on the caller's phone number or other criteria. Cisco UCM is the call management system that
controls the IP phones. Device pools are used to group phones together for administrative purposes.

NEW QUESTION 11
A high-speed network is often configured with a five-class QoS model. Which classes are used in the model?
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A. real-time, call-signaling, critical data, best-effort, and scavenger
B. real-time, signaling, critical data, best-effort and drop-class

C. call-signaling, real-time, critical data, best-effort, and drop-class
D. voice, video, signaling, critical data, and best-effort

Answer: A

NEW QUESTION 16
How does Cisco UCM perform a digit analysis on-hook versus off-hook for an outbound call from a Cisco IP phone that is registered to Cisco UCM?

A. On-hoo

B. by pressing the digits and entering "#" to process the cal

C. UCM performs a digit-by-digit analysis; off-hoo

D. UCM analyzes all digits as a string.

E. On-hoo

F. no digit analysis is performed; off-hoo

G. UCM requires the '#" to start the digit analysis

H. On-hoo

I. UCM performs a digit-by-digit analysis; off-hoo

J. UCM considers all digits were dialed and does not wait for additional digits.
K. On-hoo

L. UCM considers all digits were dialed and does not wait for additional digits; off-hoo
M. UCM performs a digit-by-digit analysis.

Answer: D

NEW QUESTION 18
Which type of input is required when configuring a third-party SIP phone?

A. digest user

B. manufacturer

C. serial number350-801 2023-4
D. authorization code

Answer: A

NEW QUESTION 20
Which Webex Calling construct is used to organize calling features within a physical site?

A. client settings
B. locations

C. service settings
D. call routing

Answer: B

Explanation:

A location is a physical site that contains users, devices, and resources. Locations are used to organize calling features within a physical site. For example, you
can create a location for each of your offices and then assign users, devices, and resources to that location. This will allow you to manage calling features for each
office separately.

NEW QUESTION 22
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. signaling

B. voice

C. video conference
D. streaming video

Answer: D

NEW QUESTION 24
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. UDP161
B. TCP 161
C. UDP 162
D. TCP 80

Answer: C

NEW QUESTION 25
Refer to the exhibit.
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ip.addr==10.0.101.10
T Urce Crestination

18.6834137 19.11/.34.244 19.9.181.10 50310 » 5060 [SYN] Seq=0 Win=64240 Len=0 MSS=1460 WS=256 SACN
18.938881 10.117.34.222 10.0.101.10 50314 » 5060 [SYN] Seq=0 Win-=64240 Len=0 MSS=1460 WS=256 SACH
41.6860680 10.11/7.34.222 18.9.101.190 [TCP Retransmission] 50310 + 5060 [SYN] Seq=0 Win=064240 Len={
21.941943 10.11 a4.224 186.0.101.18 :"5' Retransmissior J @314 + 5860 i"'m"?"]! S5eg=0 Win=64240 Len-4@
27.687008 10.117.34.222 10.0.101.10 LTCP Retransmission] 50310 + 5060 [SYN] 5eq=0 Win=64240 Len=0
27.942784 10.117.34.222 10.0.101.10 [TCP Retransmission] 50314 + 5060 [SYN] Seq=0 Win=64240 Len=4

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

C. The certificates on the SIP phone are not trusted by the Cisco UC

D. The SIP phone must generate new certificates.

E. DNS lookup for the Cisco UCM FQDN is failin

F. The SIP phone must be reconfigured with the proper DNS server.

G. An network device is blocking TCP port 5060 from the SIP phone to the Cisco UC

H. This device must be reconfigured to allow traffic from the IP phone.

Answer: D

NEW QUESTION 28

An engineer configures a new phone in Cisco UCM The phone boots and gets IP when it connects to the network, however the phone fails to register With CISCO
UCM, The engineer observes that the phone has a status Rejected In CISCO UCM

What must be verified first 'Mien troubleshooting the issue?

A. whether auto-registration is enabled in Cisco UCM

B. whether the Initial Trust List and Certificate Trust List files on the phone are correct
C. whether the phone ts in the correct VLAN

D. whether the phone's MAC address is correct In Cisco UCM

Answer: A

Explanation:

This is the first thing that must be verified when troubleshooting the issue of phone status showing rejected in Cisco UCML1. Auto-registration allows new phones to
register with Cisco UCM without manual configuration 1. If auto-registration is disabled, the phone will not be able to register and will show a rejected statuls.

The other options are not the first things that must be verified when troubleshooting the issue:

> B. whether the Initial Trust List and Certificate Trust List files on the phone are correct is not the first thing to verify, but it may be a possible cause of the issue if
the phone has an ITL file from another cluster that prevents it from registering with Cisco UCM2. To resolve this issue, the ITL file needs to be deleted from the
phone or exchanged between the clusters2.

> C. whether the phone is in the correct VLAN is not the first thing to verify, but it may be a possible cause of the issue if the phone is not in the same VLAN as
the Cisco UCM server or cannot reach it due to network issues3. To resolve this issue, the network connectivity and VLAN configuration need to be checked and
fixed3.

> D. whether the phone’'s MAC address is correct in Cisco UCM is not the first thing to verify, but it may be a possible cause of the issue if the phone’'s MAC
address does not match the one configured in Cisco UCM. To resolve this issue, the MAC address needs to be corrected and updated in Cisco UCM.

NEW QUESTION 29
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?
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A. Option A
B. Option B
C. Option C
D. Option D

Answer: B

NEW QUESTION 30
An administrator has been asked to implement toll fraud prevention in Cisco UCM Which tool is used to begin this process?

A. Cisco UCM class of service

B. Cisco Unified Mobility

C. Cisco UCM Access Control Group restrictions
D. Cisco Unified Real-Time Monitoring Tool

Answer: A

NEW QUESTION 35
A user forwards a corporate number to an international number. What are two methods to prevent this forwarded call? (Choose two.)

A. Configure a Forced Authorization Code on the international route pattern.

B. Block international dial patterns in the SIP trunk CSS.

C. Set Call Forward All CSS to restrict international dial patterns.

D. Set the Call Classification to OnNet for the international route pattern.

E. Check Route Next Hop By Calling Party Number on the international route pattern.

Answer: AC

NEW QUESTION 37
Why would we not include an end user’'s PC device in a QoS trust boundary?

A. The end user could incorrectly tag their traffic to advertise their PC as a default gateway.
B. The end user could incorrectly tag their traffic to bypass firewalls.

C. There is no reason not to include an end user's PC device in a QoS trust boundary.

D. The end user may incorrectly tag their traffic to be prioritized over other network traffic.

Answer: D

NEW QUESTION 41

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.
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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: D

Explanation:

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 gol. 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 devicesl.

NEW QUESTION 43
An engineer roust deploy the Cisco Wet*x app to a Windows Virtual Desktop Infrastructure environment that has a roaming database named spark roaming_store
stored In a user's AppData\Roaming directory, Which two command line arguments must be used when running the installer? (Choose two.)

A. ALLUSERS=0
B. ENABLEVDI=1
C. ALLUSERS=1
D. ENABLEVDI=2
E. ROAMINGENABLED=1

Answer: BE

Explanation:
The Cisco Webex app can be installed on a Windows Virtual Desktop Infrastructure (VDI) environment by using the following command-line arguments:

> ENABLEVDI=1 - This argument enables VDI mode for the Webex app.

> ROAMINGENABLED=1 - This argument enables roaming for the Webex app.

The ALLUSERS argument is not required when installing the Webex app on a VDI environment. The ENABLEVDI argument must be set to 1, and the
ROAMINGENABLED argument must be set to 1.

The following is an example of the command that can be used to install the Webex app on a VDI environment:

Code snippet

msiexec /i WebexApp.msi ENABLEVDI=1 ROAMINGENABLED=1

NEW QUESTION 48
Which field is configured to change the caller ID information on a SIP route pattern?

A. Route Partition

B. Calling Party Transformation Mask
C. Called Party Transformation Mask
D. Connected Line ID Presentation

Answer: B

NEW QUESTION 52
Refer to the exhibit.
https://i.postimg.cc/C57TkczG/image.png
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v=0

o=Cisco-SIPUA 13439 0IN IP4 10.10.10.10

s=SIP Call

b=AS%:4064

t=00

m=audio 0 RTP/AVP 1149124 1131150811618 101
c=IN IP4 10.10.10.10

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
a=rtpmap:9 G722/8000

a=rtpmap:124 ISAC/16000

a=rtpmap:113 AMR-WB/16000

a=fmtp:113 octet-align=0;mode-change-capability=2
a=rtpmap:115 AMR-WB/16000

a=fmtp:115 octet-align=1;mode-change-capability=2
a=rtpmap:0 PCMU/8000

a=rtpmap:8 PCMA/8000

a=rtpmap:116 iLBC/8000

a=fmtp:116 mode=20

a=rtpmap:18 G729/8000

a=fmtp:18 annexb=yes

A call is falling to establish between two SIP Devices The called device answers with these SOP Which SOP parameter causes issue?

A. The calling device did not offer a ptime value
B. The media stream is set to send only

C. The payload for G.711ulaw must be 18.

D. The RTP portis set to O.

Answer: D

Explanation:

The RTP port is used to send and receive media packets during a call. If the RTP port is set to 0, the called device will not be able to send or receive media
packets, and the call will fail.

The other options are not correct because:

> A. The calling device did not offer a ptime value: The ptime value is used to specify the amount of time between each media packet. If the calling device does
not offer a ptime value, the called device will use the default value of 20 milliseconds.

> B. The media stream is set to sendonly: The media stream is set to sendonly when the called device is only able to send media packets, and not receive them.
This is not a problem, and the call will still succeed.

> C. The payload for G.711ulaw must be 18: The payload for G.711ulaw is the type of media packet that is used. The payload must be set to 18 for G.711ulaw,
but this is not a problem, and the call will still succeed.

NEW QUESTION 53
What are two functions of Cisco Expressway in the Collaboration Edge? (Choose two.)

A. Expressway-C provides encryption (or Mobile and Remote Access but not (or business-to-business communications.

B. The Expressway-C and Expressway-E pair can enable connectivity from the corporate network to the PSTN via a T1/E1 trunk.

C. The Expressway-C and Expressway-E pair can interconnect H.323-to-SIP calls for voice.

D. Expressway-E provides a VPN entry point for Cisco IP phones with a Cisco AnyConnect client using authentication based on certificates.
E. Expressway-E provides a perimeter network that separates the enterprise network from the Internet.

Answer: CE

NEW QUESTION 55
Which version is used to provide encryption for SNMP management traffic in collaboration deployments?

A. SNMPv1
B. SNMPv3
C. SNMPv2
D. SNMPv2c

Answer: B

NEW QUESTION 56
Refer to the exhibit.

05:50:14.102: ISDN BRO/1/1 Q921: User TX -> IDREQ ri=21653 ai=127
05:50:14.134: ISDN BRO/1/1 Q921: User RX <- SABMEp sapi=0 tei=0
05:50:14.150: ISDN BRO/1/1 Q921: User TX -> IDREQ ri=19004 ai=1l27
05:50:14.165: ISDN BRO/1/1 Q921 User RX <- SABMEp sapi=0 tei={
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A customer submits this debug output, captured on a Cisco I0S router. Assuming that an MGCP gateway is configured with an ISDN BRI interface, which BRI
changes resolve the issue?

* interface BRI0/1/0
no ip address
isdn switch-type basic-net3
isdn point-to-multipoint-setup
iIsdn incoming-voice voice
isdn send-alerting
isdn static-tei 0

B interface BRI0/1/1
no ip address
isdn switch-type basic-net3
isdn point-to-multipoint-setup
iIsdn incoming-voice voice
isdn send-alerting
isdn static-tei 0

“ interface BRI0/1/1
no ip address
isdn switch-type basic-net3
isdn point-to-point-setup
isdn incoming-voice voice
isdn send-alerting
iIsdn static-tei 0

D. interface BRI0O/1/1
no ip address
isdn switch-type basic-net3
isdn incoming-voice vqice
isdn send-alerting
isdn static-tei 0

Answer: C

NEW QUESTION 60

What is required for Cisco UCM to accept SIP calls with a URI in the format of 'sip:2001@cucmpub.cisco.com'?

A. Define Cluster Fully Qualified Domain Name under Servers in Cisco UCM.

B. Change the Destination Address to a Fully Qualified Domain Name on the SIP trunk.

C. Define Cluster Fully Qualified Domain Name in Enterprise Parameters.

D. Set the SIPS URI Handling to True in CallManager Service Parameters.

Answer: C

NEW QUESTION 63

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 /"9/ //

B. voice translation-rule 1 rule 1 /9(.......... )1
C. voice translation-rule 1 rule 1 /79.+/ //

D. voice translation-rule 1 rule 1 /79......... 11
Answer: A

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 shortest explicit prefix.

B. The pattern does not match the dialed string.

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

E. The pattern represents the largest number of endpoints.

Answer: AD
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NEW QUESTION 68

What are two characteristics of jitter in voice and video over IP communications? (Choose two.)

A. The packets arrive with frame errors.

B. The packets arrive at varying time intervals.
C. The packets arrive out of sequence.

D. The packets never arrive due to tail drop.
E. The packets arrive at uniform time intervals.

Answer: BC

NEW QUESTION 72

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

C. Voice is classified as CoS 5, and video conferencing is CoS 4.

D. Video conferencing is classified as CoS 1, and voice is CoS 2.

Answer: B

NEW QUESTION 77

What are two access management mechanisms in Cisco Webex Control Hub? (Choose two.)

A. multifactor authentication

B. Active Directory synchronization
C. attribute-based access control
D. single sign-on with Google

E. Client ID/Client Secret

Answer: AB

Explanation:
The correct answers are A and B.

The two access management mechanisms in Cisco Webex Control Hub are multifactor authentication and Active Directory synchronization.
Multifactor authentication is a security measure that requires users to provide two or more pieces of evidence to verify their identity. This can include something

they know, such as a password, and something they have, such as a security token.

Active Directory synchronization is a process that allows Cisco Webex Control Hub to automatically synchronize user accounts from an Active Directory domain.
This can simplify user management and provide users with single sign-on access to Cisco Webex Control Hub and other applications.

NEW QUESTION 81

Which Cisco Unified communications manager configuration is required for SIP MW!I integration?

A. Select “Redirecting Diversion Header Delivery— Inbound’ on the SIP trunk
B. Enable “Accept presence subscription” on the SIP trunk security profile

C. Select “Redirecting Diversion Header Delivery — outbound” on the SIP trunk
D. Enable “Accept unsolicited notification” on the SIP Trunk security profile

Answer: D

NEW QUESTION 85

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

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

Answer: A

NEW QUESTION 90
Refer to the exhibit.

ROUTER-1(config-pmap)# class VOICE

ROUTER-1(config-pmap-c)# exit

ROUTER-1(config-pmap-c)# exit
ROUTER-1(config-pmap)# exit

ROUTER-1(config)# policy-map LLQ_POLICY
ROUTER-1(config-pmap-c)# bandwidth 170

ROUTER-1(config-pmap)# class VIDEO
ROUTER-1(config-pmap-c)# bandwidth remaining percent 30

An engineer must modify the existing QoS policy-map statement to implement LLQ for voice traffic. Which change must the engineer make in the configuration?
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A. bandwidth 170 to reserve 170
B. bandwidth 170 to LL1 170

C. bandwidth 170 to priority 170
D. bandwidth 170 to percent 170

Answer: C

NEW QUESTION 91
Which action prevent toll fraud in Cisco Unified Communication Manager?

A. Configure ad hoc conference restriction

B. Implement toll fraud restriction in the Cisco I0S router
C. Allow off-net to off-net transfer

D. Implement route patterns in Cisco Unified CM

Answer: A

NEW QUESTION 93
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 on-net and prohibit on-net to on-net call transfers in Cisco UCM service parameters.

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

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

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

Answer: BE

NEW QUESTION 96

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 up to 10% packet loss and latency of 10 seconds

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

D. Video traffic can tolerate a packet loss of up to 1% and latency of 150 milliseconds
Answer: D

NEW QUESTION 99
Refer to the exhibit.

- SIP Trunk Security Profile Information

Mame" CUP Non Secure SIP Profile

Descriphon

Device Secunty Mode Non Secure i
Incoming Transport Type® TCP+UDP -
Cutgong Transport Type TCP -

Enable Digest Authenticabion
Honce Valdity Time {mins]®

Secure Certificate Subject or Subject Alternate Name

Incoming Port®

5060
L

Enable Apphcation level authonzation
¥ Accept presence subscription
¥ Accept out-of-dialog refer®®

Accept unsohcited nobficabon

Accept replaces header

Transmit secunty tatus

Allow chargng header

e al o - W
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IRcoming Port”? 5060
Enable Apphcatron level authonzahon
/| Accept presence subscription
| Accept out-of-dhalog refer®®
Accept unsohicned notfication
Accept replaces haader
Transmil secunty status

Allow charging header

SIP V.150 Qutbound SDP Offer Filtering® Use Default Filter o

A collaboration engineer is configuring the Cisco UCM IM and Presence Service. Which two steps complete the configuration of the SIP trunk security profile?
(Choose two.)

A. Check the box to enable application-level authorization.
B. Check the box to allow charging header.

C. Check the box to accept unsolicited notification.

D. Check the box to transmit security status.

E. Check the box to accept replaces header.

Answer: CE

NEW QUESTION 104
What is a description of the DiffServ model used for implementing QoS?

A. AF41 has higher drop precedence than AF42. which has higher drop precedence than AF43.
B. Voice and video calls are marked with different DSCP values and placed in different queues.
C. AF43 has higher drop precedence than AF42 but lower drop precedence than AF41.

D. RTP traffic from voice and video calls is marked EF and placed in the same queue.

Answer: A

NEW QUESTION 106
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 q921term mon

B. debug voip ecapi inout show controller ti
C. debug isdn 931 show isdn status

D. debug isdn q921 debug voip ecapi inout

Answer: C

Explanation:
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.

NEW QUESTION 107
Which two steps should be taken to provision a phone after the Self-Provisioning feature was configured for end users? (Choose two.)

A. Ask the Cisco UCM administrator to associate the phone to an end user.

B. Plug the phone into the network.

C. Dial the hunt pilot extension and associate the phone to an end user

D. Dial the self-provisioning IVR extension and associate the phone to an end user.
E. Enter settings menu on the phone and press * ,*# (star, star, pound).

Answer: BD

NEW QUESTION 111

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: D

Explanation:
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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 112
Refer to the exhibit.

DMZ Qutside firewall

(public Internet)

Inside firewall
(Intranet)

Expressway-C

s

Expressway-E

On-premise endpoint Media

Internet j““"

Mobile
endpoint

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. 1P TCP/TLS (A) + SIP TCP/TLS (B) + SIP TLS (C)

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

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

Answer: D

NEW QUESTION 114

A Cisco Unity Connection Administrator must set a voice mailbox so that it is accessed from a secondary device. Which configuration on the voice mailbox makes

this change?

A. Attempt Forward routing rule
B. Mobile User

C. Alternate Extensions

D. Alternate Names

Answer: C

NEW QUESTION 116

An administrator troubleshoots call flows and suspects that there are issues with the dial plan. Which tool enables a quick analysis of the dial plan and provides call

flows of dialled digits?

A. Cisco Dial Plan Analyzer
B. Dial Plan Analyzer

C. Digit Analysis Analyzer
D. Dialed Number Analyzer

Answer: D

NEW QUESTION 117
Which two DNS records must be created to configure Service Discovery for on-premises Jabber? (Choose two.)

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

B. _cuplogin_tcp.cisco.com pointing to a record of IM and Presence

C. _cuplogin._tls.cisco.com pointing to the IP address of IM and Presence
D. _cisco-uds.tcp.cisco.com pointing to a record of Cisco UCM

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

Answer: BD

NEW QUESTION 120

Refer to the exhibit. An engineer is confining class of control for a user in Cisco UCM. Which change will ensure that the user is unable to call 21437

A. Change line partition to Partition_A

B. Change line CSS to only contain Partition_B
C. Set the user's line CSS to <None>

D. Set the user's device CSS to <None>

Answer: D
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NEW QUESTION 121
Refer to the exhibit.
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When a call is received on Cisco Unified Border Element. from which IP does it allow a connection?

A. 192.168.100.103
B. 192.168.102.102
C. 192.168.100.102
D.192.168.101.201

Answer: B

NEW QUESTION 123

An engineer configures Cisco UCM to prevent toll fraud. At which two points does the engineer block the pattern in Cisco UCM to complete this task? (Choose

two.)

A. partition

B. route partem

C. translation pattern
D. CSS

E. route group

Answer: AD

NEW QUESTION 124

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 common phone profile.
B. Change the SIP dial rules.

C. Change the SIP profile.

D. Change the phone security profile.

Answer: D

NEW QUESTION 128
Why does Cisco UCM use DNS?

A. It provides certificate-based security for media

B. It resolves FQDN to IP address resolution for trunks
C. it connects endpoints to single sign-on services.

D. It provides SRV resolution to the endpoints registered

Answer: D

NEW QUESTION 132
Which DSCP marking is represented as 101110 in an IP header?

A. EF
B. CS3
C. AF41
D. AF31

Answer: A
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NEW QUESTION 137
When setting a new primary DNS server in the Cisco UCM CLI what is required for the change to take affect?

A. restart of CallManager service
B. restart of DirSync service

C. restart of the network service
D. restart of TFTP service

Answer: C

NEW QUESTION 139
Refer to exhibit.
dtlialn,
CISCO Cisco Expressway-C

Status » Systam ) Conbgurabon » Apphcatluons » Users Mamntenance » T, b4
DNS lookup You are here Mamtenarce © [oot e lietuon uistes - DNS iookup
O3 bookap
Ha COMp-BMy COm i
Cusery type wll W i
Cheed agasr The iokowesy ONS servers Al v |

A COFTRpET CONH 0 L] A 21345 X

A COFFRpaITY L0 & [ A 35 71 182 180

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. The company com domain must be resolved only in Expressway-E
B. There is a missing SRV record for the company.com domain.

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

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

Answer: B

NEW QUESTION 141
Refer to the exhibit.

Endpoint A: l
m=audio 21796 RTP/AVP 108 9 104 105 101
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;object=23 |
a=rtpmap:9 G722/8000
a=ripmap: 104 G7221/16000
a=fmtp:104 bitrate=32000
a=ripmap: 105 G7221/16000
a=fmitp: 105 bitrate=24000 1
a=rtpmap: 101 telephone-event/8000

a=fmtp:101 0-15
a=trafficclass:conversational.audio.immersive.aq:admitted

Endpoint B:

msaudio 21796 RTP/AVP 1050 8 18 101

bITAS:64000

a=extmap: 14 http://protocols.cisco.com/timestamp# 1 00us
a=rtpmap: 105 G7221/16000 1
a=fmtp: 105 bitrate=24000
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
a=rtpmap: 18 G729/8000

a=fmtp:18 annexb=no I
a=rtpmap: 101 telephone-event/8000

a=rtpmap: 101 telephone-event/8000

a=fmtp:101 0-15
a=trafficclass:convershtional.audio.immersive ag:admitted

Endpoint A calls endpoint B. What is the only audio codec that is used for the call?
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A. G722/8000

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

D. PCMA/8000

Answer: C

NEW QUESTION 143

Why isn’t an end user s PC device in a QoS trust boundary included?

A. The end user could incorrectly tag their traffic to bypass firewalls.

B. The end user may incorrectly tag their traffic to be prioritized over other network traffic.
C. There is no reason not to include an end user's PC device in a QoS trust boundary.

D. The end user could incorrectly tag their traffic to advertise their PC as a default gateway.
Answer: B

NEW QUESTION 148
Refer to the exhibit.

DHCP Server Configuration

- DHCP Server Information

Host Server* (192.168.10.240 v|

Primary DNS 1Pv4 Address |192.168.99. &

Secondary DNS IPv4 Address

Primary TFTP Server IPv4 Address{Option 150) [192.168.10.244
Secondary TFTP Server IPv4 Address(Option 150) |

e ]

Bootstrap Server IPvd Address

Domain Name
TFTP Server Name(Option 66)

ARP Cache Timeout(sec)"*

IP Address Lease Time(sec)®
Renewal(T1) Time({sec)"®
Rebinding(T2) Time(sec)*

ollelle]lle]ll]

| save | | Delete | [ Copy | [ Add New |

A collaboration engineer configures Cisco UCM to act as a DHCP server. What must be done next to configure the DHCP server?

A. Restart the Cisco DHCP Monitor Service under Cisco Unified Serviceability
B. Add the new DHCP server to the primary DNS server

C. Restart the TFTP service under Cisco Unified Serviceability.

D. Add a DHCP subnet to the DHCP server under Cisco UCM Administration.

Answer: D

NEW QUESTION 152
Which call flow matches traffic from a Mobile and Remote Access registered endpoint to central call control?

A. Endpoint>Expressway-C>Expressway-E>Cisco UCM
B. Endpoint>Expressway-E>Expressway-C> Cisco UCM
C. Endpoint>Expressway-E> Cisco UCM
D. Endpoint>Expressway-C> Cisco UCM

Answer: A

Explanation:
The call flow for a Mobile and Remote Access registered endpoint to central call control is as follows:

> The endpoint registers with the Expressway-C.
> The Expressway-C forwards the registration request to the Expressway-E.
> The Expressway-E forwards the registration request to the Cisco UCM.

> The Cisco UCM registers the endpoint.
When the endpoint places a call, the call flow is as follows:

> The endpoint sends the call request to the Expressway-C.
> The Expressway-C forwards the call request to the Expressway-E.
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> The Expressway-E forwards the call request to the Cisco UCM.
> The Cisco UCM places the call.

The Expressway-C and Expressway-E are used to provide secure access to the Cisco UCM for endpoints that are not located on the corporate network. The

Expressway-C is located on the corporate network, and the Expressway-E is located in the DMZ.

NEW QUESTION 155
Refer to the exhibit.

ol P o e O

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

A. The analog port failed to register to Cisco UCM with an error code 200.
B. The MGCP Gateway is not communicating with the Cisco UCM.

C. The analog port is currently shut down.

D. The analog port is registered to Cisco UCM.

Answer: D

NEW QUESTION 160
Refer to the exhibit.

1 SIP Trunk Security Profile Information |
Name* Secure SIP Trunk Profile
Description Mon Secure SIP Trunk Profile authenticated by null string
Device Security Mode Encrypted
Incoming Transport Type* TLS
Outgoing Transport Type TLS
Enable Digest Authentication
MNonce Validity Time (mins)®*
Secure Certificate Subject or Subject Alternate Name |
Incoming Port* 5061

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 common name of the Cisco UCM CallManager certificate.

C. The full qualified domain name of all Cisco UCM nodes that run the CallManager service.
D. The common name of the remote device certificates.

Answer: B

NEW QUESTION 161

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

immersive functions?

A. Cisco Webex Meetings Server

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

D. Cisco PVYDM4-128

Answer: C

NEW QUESTION 163

Users want their mobile phones to be able to access their cisco unity connection mailboxes with only having to enter their voicemail pin at the login prompt calling
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pilot number where should an engineer configure this feature?

A. transfer rules

B. message settings
C. alternate extensions
D. greetings

Answer: C

NEW QUESTION 166
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: AC

Explanation:

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

NEW QUESTION 170
An administrator would like to set several Cisco Jabber configuration parameters to only apply to mobile clients (iOS and Android). How does the administrator
accomplish this with Cisco Jabber 12.9 and Cisco UCM 12.5?

A. Assign the desired configuration file to "Mobile" Jabber Client Configuration in the Service Profile.
B. Upload the jabber-config.enc file to TFTP

C. Create a user profile in Jabber Policies.

D. Deploy jabber-config-user.xml on iOS and Android devices.

Answer: A

NEW QUESTION 171
How is bandwidth allocated to traffic flows in a flow-based WFQ solution?

A. All the bandwidth is divided based on the QoS marking of the packets.

B. Each type of traffic flow has equal bandwidth.

C. Bandwidth is divided among traffic flow

D. Voice has priority.

E. Voice has priority and the other types of traffic share the remaining bandwidth.

Answer: D

Explanation:
In a flow-based WFQ solution, bandwidth is allocated to traffic flows based on the following criteria:

> The priority of the traffic flow
> The amount of bandwidth that is available

> The number of traffic flows that are competing for bandwidth

Voice traffic is typically given a higher priority than other types of traffic, such as data traffic. This is because voice traffic is more sensitive to latency and jitter than
data traffic.

When there is not enough bandwidth to accommodate all of the traffic flows, the WFQ algorithm will prioritize the traffic flows based on their priority. The traffic
flows with the highest priority will be given the most bandwidth, and the traffic flows with the lowest priority will be given the least bandwidth.

If there is still not enough bandwidth to accommodate all of the traffic flows, the WFQ algorithm will start to drop packets. The packets that are dropped will be the
packets from the traffic flows with the lowest priority.

NEW QUESTION 172
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