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NEW QUESTION 1

An engineer must manually provision a Cisco IP Phone 8845 using SIP. Which two fields must be configured for a successful provision? (Choose two.)

A. media resources group list
B. CSS

C. location

D. device security profile

E. SIP profile

Answer: DE

NEW QUESTION 2

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: A

NEW QUESTION 3

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 4

Which call routing pattern is used for phone numbers that are in the E.164 format?

A. /[+.! Route Pattern

B. \+.! Route pattern

C. \+.I Translation Pattern

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

Answer: B

NEW QUESTION 5

Which location must be assigned to the SIP trunk to replicate enhanced location information via a SIP trunk?

A. phantom
B. replica

C. hub_none
D. shadow

Answer: D

NEW QUESTION 6

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 7

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 8
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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 RTP/AVP 18 101
a=ripmap:0 PCML/B000
a=rtpmap:18 G725/8000

a=ptime: 20

a=fmip: 18 annexb=no

a=rtpmap:101 telephone-gvent/8000
a=imip: 101 015

How is this issue resolved?

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

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

Answer: B

NEW QUESTION 9
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?

A. Block PSTN patterns on Default Transfe

B. Default Outdia

C. and Default System Transfer.

D. Implement password complexity on voicemail boxes to prevent accounts from being compromised.

F. Create a custom restriction table *********xgnd block it.

Answer: A

NEW QUESTION 10
Which configuration concept allows for high-availability on IM and Presence services in a UC environment?

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

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

Answer: D

NEW QUESTION 10
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 15

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

B. class selector

C. assured forwarding

D. default

Answer: B

NEW QUESTION 16

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 18

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.
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B. The pattern does not match the dialed string.

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

E. The pattern represents the largest number of endpoints.

Answer: AD

NEW QUESTION 23
A remote office has a less-than-optimal WAN connection and experiences packet loss, delay and jitter. Which VoIP codec is used in this situation?

A. G722.1
B.iLBC

C. G.711lalaw
D. G.729A

Answer: D

NEW QUESTION 27
Refer to the exhibit
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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 32
A customer enters no IP domain lookup on the Cisco I0S 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 excluded-address
B. ip dhcp-sip

C. ip dhcp pool

D. transport preferred none
E. ip domain lookup

Answer: DE

NEW QUESTION 35
A Cisco Telepresence SX80 suddenly has issues displaying main video to a display over HDMI. Which command can you use from the SX80 admin CLI to check
the video output status to the monitor?

A. xStatus HDMI Output

B. xStatus video Output

C. xconfiguration video Output
D. xcommand video status

Answer: B

NEW QUESTION 40
Refer to the exhibit.
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Endpoint A:

m=audio 21796 RTP/AVP 108 9 104 105 101
b=TIAS:64000

a=extmap: 14 hitp:/ protocols.cisco.com/timestamp# | 00us
a=ripmap: 108 MP4A-LATM90000

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

a=ripmap: 104 G7221/16000

a=fmtp: 104 bitrate=32000

a=rtpmap: 105 G7221/16000

a=fmitp:105 bitrate=24000

a=rtpmap: 101 telephone-event/8000

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

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

b TTAS:64000

a=extmap: 14 http://'protocols.cisco.com/timestamp# 1 00us
a=ripmap: 105 G7221/16000

a=fmtp:105 bitrate=24000

a=rtpmap:0 PCMU/S000

a=ripmap:3 PCMA/S000

a=ripmap: 18 G729/3000

a=fmtp:18 annexb=no

a=ripmap: 101 telephone-event/8000

a=rtpmap: 101 telephone-event/8000

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

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

A. G722/8000

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

D. PCMA/8000

Answer: C

NEW QUESTION 42
What happens when a Cisco IP phone loses connectivity to the duster during an active call?

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

C. The call drops immediately.

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

Answer: D

NEW QUESTION 46
An engineer configures a SIP trunk for MWI between a Cisco UCM cluster and Cisco Unity Connection. The Cisco UCM cluster fails to receive the SIP notify
messages. Which two SIP trunk settings resolve this issue? (Choose two.)

A. accept out-of-dialog refer

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

D. allow changing header

E. accept unsolicited notification

Answer: AE

NEW QUESTION 47

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)# switchport vlan voice 221

C. Device(config~if)# switchport trunk allowed vlan 221

D. Device(config-if)# switchport voice vlan 221

Answer: D

NEW QUESTION 50

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

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

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

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

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

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

Answer: A

NEW QUESTION 54

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 58
Refer to the exhibit.

@' hacuempub. pkinane.com - PulTY

login as: admin

Welcome to the

8192 Mbyte

admin:

VMware Installation:
2 vCPU: Intel (R)
Disk 1: 110GB,

adminffhgcucmpub.pkinane.com's password:
Command Line Interface is starting up, please wait

Platform Command Line Interface

RAM

WARNING: DNS unreachable

Xeon (R) CPU E5-2699 v3 @
Partitions aligned

2.30GHz

An administrator accesses the terminal of a Cisco UCM and starts a packet capture. Which two commands must the administrator use on Cisco UCM to generate

DNS traffic? (Choose two.)

A. utils ntp status

B. show cdp neighbor
C. show version active
D. utils diagnose test

E. autils diagnose module validate Network

Answer: DE

NEW QUESTION 59
Refer to the exhibit.

Volce class codec 1

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

dial-paar yoice 13 voip

description incoming dialpeer from ITSP
Incoming called-numbser

voice-class codec 1

dial-peer voice 19 voip

description oulgoing dialppeer o CUCM
deshnation-patiern |1

Session protocol sipy2

session-targel pvd 3 3 3.3

voice-class codec 1

Incoming SOF from ITSP

w=0D
o=siplesi@2 222116 INIP4 2222
s=siptest@2 2 2

c=INIP42222

t=0 D

m=audio 5000 RTR/AVF 180
a=rtpmag 0 PCMU/BO00/1

a=ripmap. 18 GT29/8000M

]
L

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 80 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=rtpmap: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 63

A collaboration engineer troubleshoots issues with a Cisco IP Phone 7800 Series. The IPv4 address of the phone is reachable via ICMP and HTTP, and the phone
is registered to Cisco UCM However the engineer cannot reach the CU of the phone Which two actions in Cisco UCM resolve the issue? (Choose two)

A. Enable SSH Access under Product Specific Configuration Layout in Cisco UCM

B. Disable Web Access under Product Specific Configuration Layout in Cisco UCM

C. Set a username and password under Secure Shell information in Cisco UCM

D. Enable Settings Access under Product Specific Configuration Layout in Cisco UCM
E. Enable FIPS Mode under Product Specific Configuration Layout in Cisco UCM

Answer: AB

NEW QUESTION 65
Refer to the exhibit.
1s8dn switch-type primary-ni
controller t1 0/1/0
framing esf
linecode bBzs
ri-group timeslots 1-10

An engineer configures ISDN on a voice gateway. The provider confirms that the PRI is configured with 10 channels the engineer ordered and is working from the
provider side, but the engineer cannot get a B-channel to carry voice. The rest of the configuration for the serial interface and voice network

is functioning correctly. Which actions must be taken to carry voice?

A. The engineer must activate the controller card on the voice gateway before configuring the device.

B. The engineer used a T1 interface but must use an E1 interface.

C. The pri-group timeslots command must be 0-9 for the 10 channels because all values on a router start with 0.
D. The engineer must manually revert the order of using the channels.

Answer: A

NEW QUESTION 70

During the Cisco IP Phone registration process, the TFTP download (ails. What are two reasons (or this issue? (Choose two.)
A. The DNS server was not specified, which is needed to resolve the DHCP server IP address.

B. Option 100 string was not specified, or an incorrect Option 100 string was specified.

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

D. The Cisco IP Phone does not know the IP address of any of the Cisco UCM Subscriber nodes.

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

Answer: CE

NEW QUESTION 72
Refer to the exhibit.
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Cisco Unified element is attempting to establish a call with Subcribersl, but the call fails. Cisco Unified Border Element then retries the same call with Subcribers2,
and the call proceeds normally.
Which action resolves the issue?

A. Verify that the correct calling search space is selected for the inbound Calls section
B. Verify that the run on all active United CM Nodes checkbox is enabled

C. Verify that the Significant Digits field for inbound Calls is set to All.

D. Verify that the PSTN Access checkbox is enabled.

Answer: A

NEW QUESTION 77
Refer to the exhibit.

voice class codec 20

codec preference 1g722-64
codec preference 2 ilbc mod 30
|
dial-peer voice 200 voip
destination-pattern ~408555...5
session target ipv4:10.2.3.4

incoming called-number 9T

dtmf-relay h245-alphanumeric rtp—ntei

no vad
|

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 voice-codecs 20

B. add session codec 20

C. add codec preference 20
D. add voice-class codec 20

Answer: D

NEW QUESTION 79

An end user at a remote site is trying to initiate an Ad Hoc conference call to an end user at the main site. The conference bridge is configured to support G.711.
The remote user's phone only supports G.729. The remote end user receives an error message on the phone: "Cannot Complete Conference Call." What is the
cause of the issue?

A. The remote phone does not have the conference feature assigned.
B. A software conference bridge is not assigned.

C. A Media Termination Point is missing.

D. The transcoder resource is missing.

Answer: D

NEW QUESTION 83
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
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E. route group

Answer: AD

NEW QUESTION 84
Refer to the exhibit.

lrule 1 /7N(0[25] . NN N o NN (L L o8N )/ /NDIN2N3/

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 89

Which behavior occurs when Cisco UCM has a CallManager group that consists of two subscribers?
A. Endpoints attempt to register with the bottom subscriber in the list.

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

C. Endpoints attempt to register with both subscribers in a load-balanced method.

D. If a subscriber is rebooted, endpoints deregister until the rebooted system is back in service.

Answer: B

NEW QUESTION 93

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. HTTPS
B. H.323
C.SIP

D. SCCP
E. SRTP

Answer: AC

NEW QUESTION 98
An engineer builds the configuration on a Cisco 10S gateway for the dial-peers:

iy g— m— | el

il ™ el

— ] s <D oW
ﬂ'ﬂrﬂl#ﬁm-ﬂumt YT S —
LI

Which command is required to complete the configuration?
A. Codec g726r32

B. Codec g729cr81

C. Codec g723ar63

D. Codec g711ulaw

Answer: D

NEW QUESTION 103

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 I0S Gateway to use QSIG signaling on the ISDN link?

A. isdn incoming-voice voice

B. isdn switch-type basic-ni

C. isdn switch-type basic-gsig
D. isdn switch-type primary-gsig

Answer: D

NEW QUESTION 107
Refer to the exhibit.
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INVITE sip:40008172.16.1.1:5061 SIP/2.0

Vim: SIP/2.0/TLS 172.16.2.143:5061 ;branch=z2hC4abKAFDALSET

Ramors-PArcy=-ID: <aip:+140883350000172.16.2.193»;parcy=calling: screéanens: privacysary
From: <=sip:+140883350008172.27.2.143%>;;cag=TB42ESF6-9E8

To: <sip:40008172.16.1.1>

Dace: Tue, 06 Aug 2019 15:03:05 GHNT

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

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

Min=-3E: 1800

Cipco=CGuid: O0BZID1505=-3077640681-2319777743-02060418075 E}
User-Agent: Cilaco-SIPGatevay/I08-15.5.3.594b

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

Timeatamp: 1565089565

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

Expires: 180

Allovw=Events: telephoné-ayvent

Nax-Forwards: &8

Content-Type: application/sdp

Content=Disaposition: sesslonhandling=requirced

content=Length: 416

w=D

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

s=5IF Call

esIN IP4 172.16.2.142

=0 0

meauwdio 44612 RTP/SAVP 0 101

c=TIH IP4 172.16.2.143
a=crypro: X XXX XX
a*crypto: X XX

a=grpmap:0 PCHU/S000

a=repmap: 101 celephone-avent/ 8000
A=fmtp;: 101 O=18

AP ime: 20

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

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

B. Nothing; both sides support G.729.

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

Answer: A

NEW QUESTION 111
Refer to the exhibit.

- EAUsera\NCISOO0>na Lookup
PDelault Server: dns . example . com
Puclcd cezm s 192.168.100.1

=t type-=-SRV

= ocollab-edge. top.example.com
e rver:s dnn.oxampl e . com

Pucicd rerpgag o 192 160.7100.1

Mon-authoritative answor:s

collab—edge. Lop.edam la. com SRV servica locations
priority = 1.0
werigght L0
porkt ~ B4a43
awr hostnamo = @xpe.axanple . com

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 should be created for _ cisco-uds._tcp example.com.

B. The DNS record should be changed from _collab-edge._tls example.com.
C. The DNS record type should be changed from SRV to A.

D. Server 4.2.2.2 is not a valid DNS server.

Answer: B

NEW QUESTION 113

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 115

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?

Routerft configure terminal
Router(config)# interface gigabitethernet 5/1
Fouter config-ifj# description Cube E41.228-0097
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A. platform qos trust extend cos 3
B. platform qos trust extend
C. platform gos extend trust
D. platform qos trust extend cos 5

Answer: B

NEW QUESTION 118
Which QoS marking is used when an administrator configures voice call signaling?

A. AF41
B. CS3

C.CS4

D. EF

Answer: B

NEW QUESTION 121

What are the predefined call handlers in Cisco Unity Connection?

A. opening greeting, welcome, and default system

B. caller input, greetings, and transfer

C. greetings, operator, and closed

D. opening greeting, operator, and goodbye

Answer: D

NEW QUESTION 124

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 125

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?

A)

dial-peer volce 1 woip
tran=lation-profile owtgoeng STnpd
miaR -conrn 5
destinaton-pattemn 51 [2-9)..[2-9] %
SEeasi0n protocol 1:;-1-:2 45 10.4
et ion arget ipv 4 |
dtrad-relay rip-nte sip-notify sip-kpenil
codec aacid

B)

-
dial-peer volce 1 voip
ransiation-profile outoing SaripS
(S F & =gl L
destination-pattem 91[2-9]_[2-9) %
session protocol sipv?
nession Larget ipvd. 147 45 101 " .
dtrnf-relay rip-ole S notify sip-lpir
codec ilbe mode 20

€)

digal-peer voice 1 voip

1l+..'lr|-.|,lt|nn profile oulgoing Seripd
man-conn 5

dhestination- ot 9!;? 9)._[=z-9) k3
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B. Option B
C. Option C
D. Option D

Answer: B

NEW QUESTION 127
An administrator is configuring LDAP tor Cisco UCM with Active Directory integration. A customer has requested to use “ipphone” instead of “telephoneNumber”
as the phone number attribute. Where does the administrator specify this attribute mapping in Cisco UCM?

A. LDAP Custom Filter

B. LDAP Directory user fields

C. LDAP Directory custom user fields
D. LDAP Authentication

Answer: B
NEW QUESTION 128
What is the maximum number of servers that are in an IM and Presence presence redundancy group?

0

oowp
A DNO PR

Answer: C

NEW QUESTION 130
Refer to the exhibit.

- S1IP Trunk Security Profile Information

Mame" CUFP Non Secure SIP Profile

Descriphon

Device Securnty Mode Mon Secure -
Incoming Transport Type" TCR+UDP -
Outgoing Transpart Type TCR -

Enable Digest Authenticabion
Monce Validity Time (mins)® B0

Secure Certificate Subject or Subject Alternate Name

Incoming Port® 5060 [\“‘s
Enable Apphcation level! authonzation
¥ Accept presence subscription
¥ Accept out-of-dialog refer*®
Accept unsohcited nobfication
Accept replaces header
Transmit security status

Allow charging header

e s s w e e alk il i ol

Incoming Port® 5060

Enable Apphicatron level authonzaton
L AcoRpt presence subschption
| Accept out-of-dialog refer™™

Accept unsolicted notification

Accept replaces haader

Transmit secunty status

Allow charging header
SIF V.150 Outbound SOF Offer Filtenng® Use Default Filter -

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.
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Answer: CE

NEW QUESTION 132
An engineer deploys a Cisco Expressway-E server for a customer who wants to utilize all features on the server. Which feature does the engineer configure on the
Expressway-E?

A. H.323 endpoint registrations

B. Mobile and Remote Access

C. SIP gateway for PSTN providers
D. VTC bridge

Answer: B

NEW QUESTION 136
An administrator is trying to change the default LINECODE for a voice ISDN T1 PRI. Which command makes this change?

A. linecode ami
B. linecode b8zs
C. linecode hdb3
D. linecode esf

Answer: A

NEW QUESTION 139
Which task is required when configuring self-provisioning for an end user in Cisco UCM?

A. Enable Auto-Registration.

B. Associate the end user to the Standard CCM Super Users group
C. Associate the end user to a SIP Profile.

D. Disable Auto-Registration.

Answer: A

NEW QUESTION 141
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 2143?

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

NEW QUESTION 146

A collaboration engineer configures Global Dial Plan Replication for multiple Cisco UCM clusters. The local cluster acts as the hub cluster, and the remaining
clusters act as spoke clusters Which service must the engineer configure on the local cluster’

A. Intercluster Lookup Service

B. Location Conveyance on intercluster SIP trunks

C. Intra-Cluster Communication Signaling

D. Mobility Cross Cluster

Answer: A

NEW QUESTION 147
Refer to the exhibit.
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Via: SIP/2.0/TCP

10.10.10.2:5060 ;branch=aBbH5bK7954A198F
From:
<sip:012345678210.10.10.2>;tag=8D79AF62-DB2
To: <sip:90123456@10.10.4.14>;
tag=B811681~ffaB80926-5fac-4cc5-bB02-
Z2ZdbdeTdaeTwi -

v=0

o=CiscoSystemsCCM-SIP 811681 1 IN IP4
10.10.4.14

s=SIP Call

c=IN IP4 10.5.4.3

t=0 O

m=audioc 27839 RTP/AVP 0 101

a=rtpmap:0 PCMU/8000

a=ptime:20

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

Which Codec is negotiated?
A. G.729

B. ILBC

C. G.711lulaw

D. G.728

Answer: C

NEW QUESTION 149

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

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

C. Normalization is achieved by stripping or translating the called numbers to internally used directory numbers.
D. Normalization is achieved by setting up calling search spaces and partitions at the SIP trunks for PSTN connection.

Answer: C

NEW QUESTION 150

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

C. Disable HSRP on the access layer switch.

D. Check the RJ-65 cable.

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

Answer: AE

NEW QUESTION 152

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

A. software MTP on Cisco 10S Software

B. software MTP on Cisco UCM

C. software transcoder on Cisco UCM

D. hardware transcoder on Cisco |0S Software
E. hardware MTP on Cisco I0S Software

Answer: BE

NEW QUESTION 154

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 155
Refer to the exhibit.
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NAME

Priority

Target Address

_sip._tcp.sample.com

10

serverl.sample.com

_sip._tcp.sample.com

10

server2.sample.com

_sip._tcp.sample.com

5

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 160

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?

France CgPTP

Noa
Gateways

v

.-....-....._.p__....q%.-..-..-......._.-....-..-..
=)

NANP CgPTP ——

patianm

33!

patiom
a1t

pattorm

?

33!

C5Ss Partbons
........... o AR AR SO S PO SRR ey N P
L]
i MAMP caled sforma
: pattEm dacard prefa  type
France CAPTP ™ . pro-got nabonal
"
l " 1w pre-dot on nadonal
L]
. i
||.|{}E;I:::::w, - YOW caled xlorms
: ~* pattom decard prota  typo
: Ve 1 8132 9PO0ONK pre-dot subscriber
' France CgPTP -
U Franco calod xiorms
: = panern e ared prefa  type
: ! predt 00 mibor nabonal
Nce i
Fﬂ[m i I""'n-+ w Q “.m
i
L]
‘: . NANP caling xiorms
- ™ pantem dscard prelx  type
i ol LR pre-dot natoaal
: [t pre-dot on internabonal
[
1 i
Ciﬂnwu‘ ; »> France caling xioims
—— : pamem decam piolo ype
[ ."'T-vifﬂ‘.".ﬂﬂﬂﬂﬂ-ﬂ -p!r- ";I - -l“'l.I‘-'H!-

France called dorms

dscand preb e
pra=chot oD mlematana
pre-dol 0 national

NANP callng xboums

ascard prof  type
pra-chot naticnal
pra-dol on mlorruabong

i
France caliing dorms

decord prof  type
? 7 ?
pea-clol Q national

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
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NEW QUESTION 164
A customer reports that the Cisco UCM toll-fraud prevention does not work correctly, and the customer is receiving charges for unapproved international calls as a
result. Which two configuration changes resolve the issues? (Choose two.)

A. Mark patterns as off-net or on-net.

B. Modify the Block OffNet to OffNet Transfer service parameter.
C. Disable call forwarding on the phone.

D. Use Cisco Unified Border Element to debug the calls.

E. Make the calls route through a firewall.

Answer: AB

NEW QUESTION 167
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 voice vlan 221

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

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

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

Answer: A

NEW QUESTION 172
Which action prevent toll fraud in Cisco Unified Communication Manager?

A. Configure ad hoc conference restriction

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

D. Implement route patterns in Cisco Unified CM

Answer: A

NEW QUESTION 174
Which service on the Presence Server is responsible for maintaining the point-to-point chat connections between Jabber clients?

A. Cisco SIP Proxy

B. Cisco XCP Text Conference Manager
C. Cisco XCP Router

D. Cisco XCP XMPP Federation Manager

Answer: B

NEW QUESTION 179
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 182
An administrator executes the debug isdn q931 command while debugging a failed call. After a test call is placed, the logs return a disconnect cause code of 1.
What is the cause of this problem?

A. The media resource is unavailable.

B. The destination number rejects the call.

C. The destination number is busy.

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

Answer: D

NEW QUESTION 185

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 class-map interface GigabitEthernet 1/0/1

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

C. show access-lists

D. show policy-map

Answer: B
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NEW QUESTION 189
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 hdb3d
framing crcd

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

D. controller e1 0/0/1
pri-group timesiots 1-12
clock source line

linecode crcd
framing hd3

Answer: C

NEW QUESTION 192

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 196
Refer to the exhibit.

Inside firewall DMZ Qutside firewall
(Intranet) (public Internet)
A B C |
Collaboration i f —
Services t - Internet ====19)]
i’ m !
[
! Uni :
," Unified Expressway-C Expressway-E Mﬂb“e{
; CM endpoint
/ M)
====== gl signaling
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?
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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 197
What happens to voice packets from a Cisco 8845 IP phone in the QoS trust boundary?

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

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

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

Answer: B

NEW QUESTION 202
Where in Cisco UCM is restrictions on audio bandwidth configured?

A. location

B. partition

C. region

D. serviceability

Answer: C

NEW QUESTION 206
On which protocol and port combination does Cisco Prime Collaboration receive natifications (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 209
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 211
Refer to the exhibit.
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A collaboration engineer adds a redundant NTP server to an existing Cisco Collaboration solution On the Cisco UCM OS Administration page, the new NTP server
shows as "Not Accessible" Which action resolves this issue?

A. Restart NTPD on the Cisco UCM server.

B. Delete and re-add the new NTP server via the Cisco UCM command-line interface
C. Start the NTP service on the new NTP server

D. Configure the "reach" value as "377" for the new NTP server.

Answer: C

NEW QUESTION 214

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. route list

B. device pool
C.CSss

Passing Certification Exams Made Easy visit - https://lwww.2PassEasy.com



Welcome to download the Newest 2passeasy 350-801 dumps

@ 2 p QsseaqQs l:J https://www.2passeasy.com/dumps/350-801/ (196 New Questions)

D. route pattern

Answer: B

NEW QUESTION 218

How does an administrator make a Cisco IP phone display the last 10 digits of the calling number when the call is in the connected state, and also display the

calling number in the E.164 format within call history on the phone?

A. Change the service parameter Apply Transformations On Remote Number to True.

B. Configure a translation pattern that has a Calling Party Transform Mask of XXXXXXXXXX.

C. On the inbound SIP trunk, change Significant Digits to 10.
D. Configure a calling party transformation pattern that keeps only the last 10 digits.

Answer: A

NEW QUESTION 223

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 228

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

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

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

!

voice translation-profile INT
translate calling 40

I

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

port 001/0:23

Pattern® f\+.0
Partition | PT_US_VG_CD_Out_xForm
Description JUS International calling

Numbenng Plan | = none &

Route Filter j < None >

F urgent Priority
™ MLPP Preemption Disabled

Called Party Transformations

Discard Dignts | PreDot
Colled Party Transformation Mask |

Prefix Digats {9011

Called Party Number Type* [ 1nternational

Called Party Numbenng Plan®  [private

G § AN
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attern D
Pattern®

Partition | PT_US_VG_CD_Out_xForm =l
Description |US International calling

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

~ Urgent Priority
™ MLPP Preemption Disabled

Called Party Transformations

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

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

pattern® f\+.t

Partition [PT_Us_vG_co_out_xForm =l
Description |US International calling

Numbenng Plan !.: None > _"j

Route Filter ' < None > _"J h

F Urgent Pnonty
™ MLPP Preemption Disabled

Called Party Transformations

Discard Digits | PreDot =
Called Party Transformation Mask I

Prefix Digits (o011

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

pattern® Y

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

Route Filter | < None >

F Urgent Prnionty
™ MLPP Preemption Disabled

Called Party Transformations

Discard Digits | PreDot

Called Party Transformation Mask [

Prefix Digits |o011
Called Party Number Type® | Unknown

Called Party Numbening Plan® IUnknuwn
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Answer: C

NEW QUESTION 233
When a new SIP phone is registered to Cisco Unified communications Manager, it keeps failing and showing an “unprovisioned” error message in the phone
display. Which problem is a possible cause of this issue?

A. Auto-registration is disabled on the Cisco Unified Communications Manager nodes and the phone device does not have a DN configured.
B. The DHCP settings are incorrectly and the phone does not have an alternate TFTP defined.

C. The phone cannot download and install the latest firmware.

D. The DN assigned to the phone is already in use by another SIP phone.

E. The DN configuration for this phone is shared with SCCP phone, which is not supported.

Answer: A

NEW QUESTION 237
An engineer is configuring a Cisco Unified Border Element to allow the video endpoints to negotiate without the Cisco Unified Border Element interfering in the
process. What should the engineer configure on the Cisco Unified Border Element to support this process?

A. Configure path-thru content sdp on the voice service.
B. Configure a hardcoded codec on the dial peers.

C. Configure a transcoder for video protocols.

D. Configure codec transparent on the dial peers.

Answer: D

NEW QUESTION 242

it .._r_1'3||'1 : ;,'5,1 h ml'I '

I I| l. l
i I I| . F

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

Answer: D

NEW QUESTION 246
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 251
What are two QoS requirements for VolP traffic?

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

B. Loss must be no more man 1 percent.

C. Voice traffic must be marked to DSCP AF41.

D. One-way latency must be no more than 200 ms.
E. Average one-way jitter is greater than 50 ms.

Answer: AB

NEW QUESTION 252
Which DSCP marking is represented as 101110 in an IP header?
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A. EF
B. CS3
C. AF41
D. AF31

Answer: A

NEW QUESTION 253
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 256
An engineer is configuring a BOT device for a Jabber user in Cisco Unified Communication Manager. Which phone type must be selected?

A. Cisco Dual Mode for Android

B. Cisco Unified Client Services Framework
C. Cisco Dual Mode for iPhone

D. third-party SIP device

Answer: A
NEW QUESTION 260
Users dial a 9 before a 10-digit phone number to make an off-net call All 11 digits are sent to the Cisco Unified Border Element before going out to the PSTN The

PSTN provider accepts only 10 digits. Which configuration is needed on the Cisco Unified Border Element for calls to be successful?

A. voice translation-rule 1 rule 1 /79/ //

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

D. voice translation-rule 1 rule 1 /"9......... /i
Answer: A

NEW QUESTION 261
Refer to the exhibit.

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

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

B. Strip the leading 011 from the called party number

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

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

Answer: B

NEW QUESTION 265

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
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NEW QUESTION 270
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