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NEW QUESTION 1
Which service must be enabled when LDAP on cisco UCM is used?

A. Cisco AXL Web Service

B. Cisco CallManager SNMP Service
C. Cisco DirSync

D. Cisco Bulk Provisioning Service

Answer: C

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

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

Answer: C

NEW QUESTION 3
An engineer is configuring IP telephony. The network relies on DHCP to provide TFTP server addresses to the endpoints. Policy requires the endpoints to receive
two server addresses. Which DHCP option must be configured?

A. 66

B. 143
C. 150
D. 166

Answer: C

NEW QUESTION 4
According to QoS guidelines, what is the packet loss for streaming video?

A. Not more than 8%
B. Not more than 1%
C. Not more than 3%
D. Not more than 5%

Answer: B

NEW QUESTION 5
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: A

NEW QUESTION 6
Which external DNS SRV record must be present for Mobile and Remote Access?

A. _cisco-uds.Jcp.example.com

B. _collab-edge._tls.example.com
C. _collab-edge._tcp.example.com
D. _cisco-uds._tls.example.com

Answer: B

NEW QUESTION 7
A Company s employees have been complaining that they have been unable to select options on the internal IVR of the help desk. IT support has been given
Cisco UCM traces and below is the snippet of the SDP of the INVITE packet.

m=audio 25268 RTR/AVP 18 101
a=npmap:0 PCMU/8000
a=rtpmap:18 72%/8000

a=ptime; 20

a=fmip: 18 annexb=no

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

How is this issue resolved?
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A. Configure CODEC for G.729.
B. Configure DTMF for KPML.

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

Answer: B

NEW QUESTION 8

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

A. real lime alarm browse
B. multicluster support

C. call quality monitoring
D. email notifications

E. customizable events

Answer: BC

NEW QUESTION 9
Refer to the exhibit.

DHCP Server Configuration

- Status
@ Add successful

~-DHCP Server Information
Host Server* (192.168.10.240 v
Primary DNS 1Pv4 Address [152.168.95.; ]
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 1Pv4 Address |

Demain Mame |
TFTP Server Name(Option 66) |
ARP Cache Timeout(sec)* [ 0
IP Address Lease Time(sec)” o
Renewal(T1) Time(sec)® |0
Rebinding(T2) Time(sec)®

| 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 10
Refer to the exhibit

i-ﬁ:

Phone A s/ s I
&iy-

User Hold Audio Source = Audio-sourced
Media Resource Group List = MFI(|3L A

l- Phone B

User Hold Audio Source = Audio-source2
Media Resource Group List = MRGL B
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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: C

NEW QUESTION 10
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 12
Refer to the exhibit.

~Outbound Calls

Called Party Transformation C55 < None >

1 Use Device Pool Called Party Transformation CS5
Calling Party Transformaticon CSS < Mone >

¥l Use Device Pool Calling Party Transformahion C5S

Calling Party Selection® Onginator
Calling Line 1D Presentation” Default
Calling Name Presentation® Default

Calling and Connected Party Info Format® | Deliver DN only in connected party

L Redirecting Diversion Header Delivery - OQutbound

Redirecting Party Transformation CSS5 < None >

1 Use Device Pool Redirecting Party Transformation £S5

Caller Information
Caller 1D DN

Callar Name

Mamntain Onginal Caller 10 DN and Caller Name in [dentity Headers

b Use Device Pool Calling Party Transformation C55

Calling Party Selection® Onginator
Calling Line 1D Presentation® Default
Calling Name Presentation™ Default

Calling and Connected Party Info Format® | Deliver DN only in connectad party

: ]Rcdnrectur-g Diversion Header Delivery - Qutbound
Redirecting Party Transformation CS5 e None =

[ =
= Use Device Pool Redirecting Party Transformation CS5

Caller Information
Caller ID DN

Caller Name

Maintain Onginal Callar 1D DN and Caller Name in [dentity Headers

Unanswered calls do not reach the voicemail associated with the phones Instead, callers receive the default greeting Which action fixes the configuration?

A. Reboot Cisco Unity Connection.

B. Check the box "Redirecting Diversion Header Delivery - Outbound", then reset the trunk.
C. Check the box 'Redirecting Diversion Header Delivery - Outbound".

D. Review the conversation manager logs on Cisco Unity Connection.

Answer: B

NEW QUESTION 16

An engineer troubleshoots a Cisco Jabber login problem on a Windows PC. The login fails with the error message "Cannot find your services automatically. Click

advanced settings to set up manually " Which action should the engineer take first?

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

B. Verify the username and password and try again.

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

NEW QUESTION 21
Refer to the exhibit.

T i

18.683437
18.938881
21.686680
21.941993
27.687008
27.942784

R | ip.addr==10.0.101.10

Soirce

18.117.
10.117.
10.117.
10.117.
10.117/.
10.117.

4.222
4.222
34,222
34,222
34.222
34.222

L

Destinatior

10.0.1061
10.0.101
10.0.101
18.0.101

10.8.101

.10
.10
.10
.10
10.0.101.

10

.18

Info

50318 » 5060 [SYN] Seq=0 Win=64240 Len=0 MSS5=1460 WS=256 SACK
50314 + 5060 [SYN] Seq=0 Win=64240 Len=0 MSS5=1460 W5-256 SACK
[TCP Retransmission] 50310 - 5060 [SYN] Seq=0 Win=64240 Len=4
[TCP Retransmission] 50314 - 5060 [SYN] Seq=0 Win=64240 Len=@
[TCP Retransmission] 50310 -+ 5060 [SYN] Seq=0 Win=64240 Len=¢
[TCP Retransmission] 50314 + 5060 [SYN] Seq=0 Win=64240 Len=d

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 25
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. 10 min
C. 30 min
D. 60 min

Answer: C

NEW QUESTION 26
Refer to the exhibit.

dial-peer voice 10 veoip

destination-pattern 1
session target ipw4:10.1.1.1
no wvad

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

A. G711alaw

B. No codec is used (missing codec command)

C. G.711ulaw

D. G729r8

Answer: D

NEW QUESTION 28
Drag and drop the SNMPv3 message types from the left onto the corresponding definitions on the right.

TRAP

messages used to modify a value of an object

variable
SET unreliable messages that alert the SNMP
manager to a condition on the network
GET reliable messages that alert the SNMP manager
to a condition on the network
INFORM messages used to retrieve an object instance
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A. Mastered
B. Not Mastered

Answer: A
Explanation:
| |
: TRAP :: SET
A A = = J
[-"'_ B I
r SET [ TRAP :
r |
f - — N n —_ - —_— -
|l GET INFORM
INFORM GET

NEW QUESTION 31

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 SIP route pattern that looks bike this: "@company.com

A SIF route pattern that looks ke this company com

Aregular route pattern with the URI feature enabled in the configuration page. The pattemn must look like this | (*@company com)

A requiar route pattern with the URI feature énabled in the configuration page The pattem must look ke this. MATCH(® doa@company com)

A. Option A
B. Option B
C. Option C
D. Option D

Answer: C

NEW QUESTION 34
Refer to the exhibit.

Volce class codec 1

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

dial-peer voice 13 voip

description incoming dialpeer from ITSP
incoming called-numbser

voice-class codec 1

dial-paer voice 19 voip

descripion outgoing dislppeer o CUCM
deshnation-patiern |1

Session protocol sipy2

session-target ipvd 3 3.3.3

voice-class codec 1

Incoming SDP from ITSP

v=0

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

c=INIP42222

t=00

m=audio 5000 RTR/AVP 180
a=rtpmag 0 PCMUB000/M

a=ripmap: 18 GT29/8000M

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

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

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

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

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

Answer: B

NEW QUESTION 36
Refer to the exhibit.

GGL42: "Apr 23 L1%:41:4%.050: MGCP Packer received from 132.1€68.100.10G0:24237-
RUEF 4 RALN/30/5U BYGI20.cisca, local MGCP 0.1
F: ¥X; Rs 1
i 143 AT G4 45, 0E MGCF Pack L 92.16 ol "
a q
.
A
L: [ POMU - POMA XEq, 4. ; ; ‘. rH:R:ATM: 55T PRE
Li | . a:G. 12 F. 1498 29b, [ - Bzl E:IR T D:L:H:R:ATM: 537 PRE
. a:G. 1é i § ! o] | i i I ; RC:IN, w:T:G:D:L:H:R:ATH: 55T FRE
I EF 4, k i ‘] i cilX I R ATM; 337 FPRE
AN , A'G.T26=-32, b:12, i O > T : N, v:T H:A ATM:557: PRE
pi30=270, a 2 Hi: i 23.la=H, b:¢¥, 1} M. & " taIN, T L H:R:ATM: 55T : FRE
[ s A L: 3.1la=L, k i ; g 1 N i ; t ] TiGsiDsL:H:R:ATH i E
H ¥ Y. net ive, loog t ia wico] Ew

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 40
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
pilot number where should an engineer configure this feature?

A. transfer rules

B. message settings
C. alternate extensions
D. greetings

Answer: C

NEW QUESTION 43

When a call Is delivered to a gateway, the calling and called party number must be adapted to the PSTN service requirements of the trunk group. If a call is
destined locally, the + sign and the explicit country code must be replaced with a national prefix. For the same city or region, the local area code must be replaced
by a local prefix as applicable. Assuming that a Cisco UCM has a SIP trunk to a New York gateway (area code 917). which two combinations of solutions localize
the calling and called party for a New York phone user? (Choose two.)

A. Configure two calling party transformation patterns:
1917 . XXXXXXX, strip pre-dot, numbering type: subscriber
\+1.!, strip pre-dot, numbering type: national
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Configure the gateway to translate called numbers and apply it to the dial peer. Combine it with a translation profile for calling nu
|

voice translation-rule 1

rule 114917/
rule 2 /A[+]19171 I
|

voice translation-profile strip+1

translate called 1
|

C. Configure the gateway lo translate the calling number and apply it to the dial peer. Combine it with a translation profile for called nu
!

voice translation-rule 1

rule 1 /219171 1i

rule 2 /IM[+]19171 11

!

voice translation-profile strip+1
translate calling 1

!

D. Configure two called party transformation pattemns:
#1917 . XXXXXXX, strip pre-dot, numbering type: subscriber
\+1.l, strip pre-dot, numbering type: national

E. Configure two calling party transformation pattemns:
\+1917.CCCCCC, strip pre-dot, numbering type: subscriber
\+!, strip pre-dot, numbering type: national

Answer: BC

NEW QUESTION 44
Refer to the exhibit.

“Aule- reghlration Information

Wrryprpal Devsca Termpinte " | Astn-regatratson Templsta HJ
Urevereal Lira Termpleie * hmpl‘ L Terrplate mth TAG ussge essmples —J
Starting Dwrectory Number® (1000

Eun-w.—ﬂ:m Osabled on Iha Ciaco Unded Communcations Marager

- Chco Unilied Communications Mansger TCP Par Seilings lor ihis Server

v L]
[l srpt PP Pl i
MSCP Laten Poa o
MoCw NEep Blryw Poe . .:‘_-. n

SIP Morae Secure Pon? Lo |

Save Benet Apphy Cordeg

Which action must an engineer take to implement self-provisioning on a primary communications manager server?

A. Select a different Universal Line Template.

B. Change the SIP Phone Secure Port.

C. Uncheck the auto-registration Disabled checkbox.
D. Select a different Universal Device Template.

Answer: C

NEW QUESTION 46

—

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
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NEW QUESTION 50
Refer to the exhibit.

[rule 1 /7N (00257 )N\ (DN $\) 7 /N IN2\3/

The translation rule is configured on the voice gateway to translate DNIS. What is the outcome if the gateway receives 0255-343-1234 as DNIS?

A. The translation rule is not matched because DNIS does not end with a "$".
B. The translation rule is matched and the translated number is 02553431234.
C. The translation rule is matched and the translated number is 025553431234,

D. The translation rule is not matched because DNIS contains"-".

Answer: B

NEW QUESTION 55
Due to service provider restriction. Cisco UCM cannot send video in the SDR Which two options on Cisco UCM are configured to suppress video in the SDP in
outgoing invites? (Choose two.)

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

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

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

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

Answer: CD

NEW QUESTION 58
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 60
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 PVDM4-128

Answer: C

NEW QUESTION 65

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. 38.4 kbps
C. 55.2 kbps
D. 87.2 kbps

Answer: D

NEW QUESTION 66

What is an indicator of network congestion in VolP communications?
A. jitter increase due to variable delay

B. discards in the interface of routers and switches

C. video loss due to video frame corruption

D. gaps in the voice due to packet loss

Answer: A

NEW QUESTION 70
Refer to the exhibit.
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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 device mobility is turned on, and the phone is not configured in New Yor

B. The engineer must configure which sites the device should be roaming to.

C. 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.

D. The call fails because the Standard Local Route Group is being used only it no configuration is set for the device pools.

E. The call egresses in New York because the device automatically is assigned a New York device pool and uses the local gateway.

Answer: B

NEW QUESTION 71
To provide high-quality voice and take advantage of the full voice feature set, which two access layer switches provide support?

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 802, 1Q trunking and 802.1p 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 required 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 weightedrandom early detection.

Answer: AB

NEW QUESTION 75

In which location does an administrator look to determine which subscriber the phone registers to if loses registration with the current Cisco UCM subscriber?
A. On Cisco UCM Administration Page Device > Phone > Phone Configuration page

B. On Cisco UCM Administrator Page server > Cisco UCM

C. On Cisco UCM Administrator page system > Device Pool > Cisco UCM group

D. On Cisco UCM Administrator page system > Enterprise Parameters

Answer: C

NEW QUESTION 78
Refer to the exhibit.

The Leader of IT Certification visit - https://www.certleader.com



CertLeaderm 100% Valid and Newest Version 350-801 Questions & Answers shared by Certleader

Toader of IT Cortifications https://www.certleader.com/350-801-dumps.html (273 Q&AS)

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=381claba7a78002c558eda31-12b8afb3
To: <sip:1@10.10.10.219>

Call-ID: 381claba-7a78000d-4cab894a-41dd3e0f@10.10.10.84

Max-Forwards: 7@

C5eq: 181 INVITE

Contact: <sip: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

o=Cisco-SIPUA 26529 @ IN IP4 10.10.10.84

s=5IP Call

b=AS5:4064

t=0 @

m=audio 32136 RTP/AVP 114 9 124 113 115 0 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

-]

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. REGISTER
B. SUBSCRIBE
C. PRACK

D. NOTIFY

E. UPDATE

Answer: BD

NEW QUESTION 82
Refer to the exhibit.

NAME TTL | CLASS Priority Target Address
_sip._tcp.sample.com | 86400 | IN 10 serverl.sample.com

_sip._tcp.sample.com | 86400 [ IN : 10 server2.sample.com

_sip._tep.sample.com | 86400 | IN 5 s server3.sample.com

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

A. Priority = 100, Weight = 90
B. Priority = 10, Weight =5
C. Priority = 10, Weight = 10
D. Priority = 5, Weight = 70

Answer: D

NEW QUESTION 87
How are network devices monitored in a collaboration network?

A. The Cisco Discovery Protocol table is shared among devices.

B. Ping Sweep reports "unmanaged' state devices.

C. System logs are collected in a Cisco Prime Collaboration Server.

D. Simple Network Managed Protocol is enabled on each device to poll specific values periodically.

Answer: C

NEW QUESTION 91

A collaboration engineer adds a voice gateway to Cisco UCM. The engineer creates a new gateway device in Cisco UCM. selects VG320 as the device type and
selects MGCP as the protocol What must be done next to add the gateway to the Cisco UCM database?

A. Select the DTMF relay type for the gateway.

B. Select a device pool for the new gateway.

C. Add the FQDN or hostname of the device.

D. Configure the module in slot 0 of the new gateway.

Answer: C
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NEW QUESTION 95
According to the QoS Baseline Model, drag and drop the applications from the left onto the Per-Hop Behavior values on the right.

voice AF11
intéractive video 52
bulk data ° EF
call-signaling AF31/CS3
network management AF41
A. Mastered
B. Not Mastered
Answer: A
Explanation:
Vioice interactive video
bulk data voice
call-signaling call-signaling
network management bulk data

NEW QUESTION 99
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. Wart until 10 pm on March 4th when the user is automatically removed from Cisco UCM.
B. Wait until 10 pm on March 5th when the user is automatically removed from Cisco UCM.
C. Wait until 3 15 a.

D. on March 6th for garbage collection to remove the user from Cisco UCM.

E. Wait until 315am on March 5th for garbage collection to remove the user from Cisco UCM.

Answer: C

NEW QUESTION 104
A Cisco UCM administrator sets up new route patterns to support phones in tour different locations, all with local gateways. The administrator wants to use the
same route pattern for all four locations. How must the system be configured to achieve this goal?

A. Use CSS alternate routing rules.

B. Use standard local route groups.
C. Add a CSS to each local gateway.
D. Use transforms in the route groups.

Answer: B

NEW QUESTION 105
An administrator executes the debug isdn q931 command while debugging a failed call. After a test call is placed, the logs return a disconnect cause code of 1.
What is the cause of this problem?

A. The media resource is unavailable.

B. The destination number rejects the call.

C. The destination number is busy.

D. The dialed number is not assigned to an endpoint.
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Answer: D

NEW QUESTION 107
Refer to the exhibit.
controller t1 0/0/1
pri-group timeslots 1-24
clock source line
linecode b&zs

framing esfi

An administrator must replace the T1 card with an E1 card. What is the correct configuration if the administrator was asked to configure 12 time slots?

A controller 1 0/0/1
pri-group timeslots 1-12
clock source network
linecode hdb3
framing crc4

B. controller e1 0/0/1
pri-group timeslots 1-11, 12
clock source line
linecode hdb3
framing crcd

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

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

Answer: C

NEW QUESTION 110
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 113
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 PSTNdestinations.

Answer: BE

NEW QUESTION 117

Which action prevents toll fraud in Cisco UCM?

A. Implement route patterns in Cisco UCM.

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

D. Configure ad hoc conference restriction.

Answer: D
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NEW QUESTION 119
Refer to the exhibit.

Inside firewall DMZ Qutside firewall
(Intranet) (public Internet)
A C
Collaboration 4 X
Services 4 Internet ot
[
L i .
4 Uniied Expressway-C  Expressway-E Mﬂb”e{
; CM endpoint

/ Ly

———— - — | — Ll | |" - ||=|l
=) R I R | :

On-premise endpoint Media

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.IP 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 121

A user dials 9011841234567 to reach Vietnam. Which steps send the call to the PSTN provider as 0118412345677
A)

pry e Cooalla=d oty Tooamrvsbosrrreeteon Frallesrr orfgum silsorn oo o,
coniEpe: s ratlern a9 011417345687
sl gnares W | M) [cpl=s A | reckod

B)

ury B Coallwg Frorty §ianesbormmesteon Fationnms !-_-r-rh:n
cordupuane: B Patlern as S 0T1BA TGS
comyispure e | s [heipits e Prockol 100 VO alerg

©)

ary W € zcalisdy ity T raarvsionmrssisee I‘.lll:f-ulrr- "-:i"f'll.:l'l'l
cosrvbsguie s Pratlesn ae 3007184 1FLE T
corrrileguines W | oo oedd 1 durpit=s. o 1 fwechodl

D)

e CETE DR e
Fiees Cooallesgd § maty Trsarvsbormmssten atherm Lo
it i uu.nl:;.“"- s | Sattern o 001 TRA 120

crafieguares e it sared [t as Prosiod 100 10 [ napllenmi

A. Option A
B. Option B
C. Option C
D. Option D

Answer: A

NEW QUESTION 125
Where in Cisco UCM is restrictions on audio bandwidth configured?

A. location

B. partition

C. region

D. serviceability

Answer: C

NEW QUESTION 126

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
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C. UDP 162
D. TCP 80

Answer: C

NEW QUESTION 131
Refer to the exhibit.

JEFVET . LASLU=DLAFUdLEWdY /! LUI=LI %W 3. 2%
[5eq: 181 DFTIONS
Allaw: IMVITE, OPTIONS, BYF, CANCEL, ACK, PRACK, UPDATE, REFER, SUBSCRIRE, NOTIFY,

INFQ, REGLSTER

Allaw-Events: telephone-event

Accapt: application/sdp

Supported! 18Rrel,timer, resgurce-priority, replaces,sdp-anat
Content-Type: application/sdp

Content=Lengith: 369

w=i@

os{iscosystems3IP=CW=Useragent 6414 4717 IN IP4 18.B.140.23
s=5IF Call

c=]N P4 1B E,.748.23

=0 @

d=audio & RTPSAYP 18 @ 8 4 15

c=IN IP4 1B.B.740.23

m=image & wvdptl t38

c=IN IPd 1B.8.140.23
asTidFaxzversion: R
a=TIBMaxBiiRate: 9600
a=TI8FaxRateManagement: trans ferredTCF
a=TI8FaxMaxBuffer: 208
a=TIBFaxMaxDatagram: 328
a=TI8FandpEC: tIALUDPRedundancy

A customer wants the SIP 200 OK shown to advertise codecs in the following order:

3739
G.711u
G Ma
G.Ta
G2l

After correcting the codec preferences. What should the audio payload show in the SIP Traces?
m=audic QRTPENP 018 8 4 15
m=audic 0 RTPENP 4 08 15 15
me=audie O RTRAF DB 184 18

m=audic 0 RTRAMNP 1208 4 18

A. Option A
B. Option B
C. Option C
D. Option D

Answer: D

NEW QUESTION 134
Which dial plan function restricts calls that are made by a lobby phone to internal extensions only?

A. manipulation of dialed destination
B. path selection

C. calling privileges

D. endpoint addressing

Answer: C

NEW QUESTION 137
Which value should be changed when each Cisco UCM node does not allow for more than 5000 phones to be registered?

A. Maximum Number of Registered and Unregistered Devices service parameter on each node
B. Minimum Number of Phones service parameter on each node

C. Maximum Number of Registered Devices service parameter on each node

D. Maximum Number of Phones service parameter on the Publisher

Answer: C

NEW QUESTION 141

An administrator configures international calling on a Cisco UCM cluster and wants to minimize the number of route patterns that are needed. Which route pattern
enables the administrator to match variable-length numbers?

A. 9.011#
B.9.011@
C.9.011!
D. 9.011~*

Answer: C

NEW QUESTION 142

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

B. H.323 registration proxy to Cisco Unified Communications Manager
C. MGCP gateway registration
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D. SRST

Answer: A

NEW QUESTION 147
Refer to the exhibit.

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

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

A. Nothing, the PRI is sending keepalives.

B. Layer 2 is down on the controller.

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

Answer: B

NEW QUESTION 152
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 155
Which DSCP marking is represented as 101110 in an IP header?

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

Answer: A

NEW QUESTION 159
What is a characteristic of video traffic that governs QoS requirements for video?

A. Video is typically constant bit rate.

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

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

Answer: D

NEW QUESTION 161
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: C
NEW QUESTION 162
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(.......... )M
C. voice translation-rule 1 rule 1 /29.+/ /I

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

NEW QUESTION 164
Refer to the exhibit.
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- e
05:50:14.102: ISDN BRO/1/1 Q%921: 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=121/
05:50:14.165: ISDN BRO/1/1 Q3921 User RX <- SABMEp sapi=0 tei=0

A customer submits this debug output, captured on a Cisco IOS router. Assuming that an MGCP gateway is configured with an ISDN BRI interface, which BRI

changes resolve the issue?

A. C:\Users\wk\Desktop\mudassar\Untitled.jpg -
P Pdinterface BRIO/1/0

no ip address

isdn switch-type basic-net3
isdn point-to-multipoint-setup
isdn incoming-voice voice
isdn send-alerting

isdn static-tei 0

B. C:\Users\wk\Desktop\mudassanUntitled.jpg interface BRI0/1/1

no ip address

isdn switch-type basic-net3
isdn point-to-multipoint-setup
isdn incoming-voice voice
isdn send-alerting

isdn static-tei 0

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

D. C:\Users\wk\Desktop\mudassan\Untitled.jpg intaerface 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 166

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 Expressway-E, Cisco IM and Presence Server, 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 Expressway-C, and Cisco UCM

D. Cisco Unified Border Element, Cisco UCM, and Cisco Video Communication Server

Answer: C

NEW QUESTION 171

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

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

B. secure reverse proxy firewall traversal connectivity

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

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

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

NEW QUESTION 172

What is the purpose of Mobile and Remote Access (MRA) in the Cisco UCM architecture?

A. MRA is used to access Webex cloud services only if authenticated with on-premises LDAP service.

The Leader of IT Certification

visit - https://www.certleader.com



CertLeader.m 100% Valid and Newest Version 350-801 Questions & Answers shared by Certleader

Toader of IT Cortifications https://www.certleader.com/350-801-dumps.html (273 Q&AS)

B. MRA is used to make secure PSTN calls by Cisco UCM only while on-premises authentication.
C. MRA is used to make B2B calls through Expressway registration.
D. MRA is used to access the collaboration services offered by Cisco UCM from off-premises network connections

Answer: D

NEW QUESTION 175
A company hosts a conference call with no local users. How does the administrator stop the conference from continuing?

A. modifies the Drop Ad Hoc Conference service parameter

B. modifies the Block OffNet to OffNet Transfer service parameter

C. removes the transcoder

D. changes the codecs that are supported on the conference resource

Answer: A

NEW QUESTION 178
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