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NEW QUESTION 1
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.I1Q 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 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
Which call routing pattern is used for phone numbers that are in the E.164 format?

A. /+.! Route Pattern

B. \+.! Route pattern

C. \+.! Translation Pattern

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

Answer: B

NEW QUESTION 4
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 5
Which SNMP service must be activated manually on the Cisco Unified Communications Manager after installation?

A. Cisco CallManager SNMP
B. SNMP Master Agent

C. Connection SNMP Agent
D. Host Resources Agent

Answer: A

NEW QUESTION 6
A customer wants to conduct B2B video calls with a partner using on-premises conferencing solution. Which two devices are needed to facilitate this request?

A. Expressway-C

B. Cisco Telepresence Management Suite
C. Expressway-E

D. MGCP gateway

E. Cisco Unified Border Element

Answer: AC

NEW QUESTION 7

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:
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A

NEW QUESTION 8
Refer to the exhibit.

~Status
@ Add successful
~-DHCP Server Information
Host Server* [192.168.10.240 v

Primary DNS 1Pv4 Address |192_15:&.9‘9.|a

Secondary DNS [Pv4 Address i

Primary TFTP Server IPv4 Address(Option 150) i 192.168.10.244

Secondary TFTP Server IPvd Address{Option 150) E

Bootstrap Server 1Pv4 Address |

Domain Name |
TFTP Server Name(Option 66) {
ARP Cache Timeout{sec)* 0
IP Address Lease Time(sec)” [__g
Renewal(T1) Time(sec)* |0
Rebinding(T2) Time(sec)® lo

| 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 9
Refer to the exhibit.

Bearer Capability | = 0x8090A2
Standard = CCITT
Transfer Capability = Speech
Transfer Mode = Circuit
Transfer Rate = 64 kbit/s
Channel ID i = 0nAS8388
Exclusive, Channel 8
Calling Party Number | = 0x2181, '5125551212'
Plan: ISDN, Type:MNational
Called Party Number i = OxAl, "2145551212"
Plan:ISDN, Type:National

Channel ID | = 0xA98388
Exclusive, Channel 8

interface Serial0/1/1:23
description PRI Circuit to R1

no ip address

encapsulation hdlc

isdn switch-type primary-ni
isdn protocol-emulate network
isdn incoming-voice voice

no cdp enable

Mar 102:35:37: ISDN 5e0/1/1:23 Q931: RX <- CALL_PROC pd = 8 callref = OxB09A

An engineer is troubleshooting why PSTN phones are not receiving the caller's name when called from a remote Cisco UCM site. An ISDN PRI connection is being

used to reach the PSTN What must the administrator select to resolve the issue?

A. isdn supp-service name calling
B. isdn outgoing display-ie

C. isdn enable did

D. isdn send display le

Answer: A
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NEW QUESTION 10
What are two Cisco UCM location bandwidths that are deducted when G 729 and G.711 codecs are used? (Choose two.)

A. If a call uses G.729. Cisco UCM subtracts 16k.
B. If a call uses G.711, Cisco UCM subtracts 64k
C. If acall uses G.711, Cisco UCM subtracts 80k
D. If a call uses G.729. Cisco UCM subtracts 24k.
E. If a call uses G.729. Cisco UCM subtracts 40k

Answer: CD

NEW QUESTION 10
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 12
Refer to the exhibit.

INVITE s1p:2002@10.10.10.10:5060 SIP/2.0
[..truncated..]

v=0

o=UAC 6187 7816 IN IP4 10.10.10.11
s=SIP Call

c=IN IP4 10.10.10.11

t=0 @

m=audio 819@ RTP/AVP 18 11@

c=IN IP4 10.10.10.11

a=rtpmap:18 G729/8000

a=fmtp:18 annexb=no

a=rtpmap:11@ telephone-event/8000
a=fmtp:110 0-16

a=ptime:20

S5IP/2.0 200 0K
[..truncated..]

v=0

o=UAS 4692 9609 IN IP4 10.10.10.10
s=SIP Call

c=IN IP4 10.10.10.10

t=0 ©

m=audio 8056 RTP/AVP 18
c=IN IP4 10.10.10.10
a=rtpmap:18 G729/8000
a=fmtp:18 annexb=no
a=ptime:20

The SDP offer/answer has been completed successfully but there is no DTMF when users press keys. What is the cause of the issue?

A. Payload type 110 was negotiated rather than type 101.
B. DTMF was negotiated property in these messages.

C. DTMF was not negotiated on the call.

D. G.729 rather than G.711ulaw was negotiated.

Answer: C

NEW QUESTION 15

An administrator is designing a new Cisco UCM for a company with many departments and firm structure on their communications policies. The administrator must
make sure that these communication policies are reflected in the phone system setup. Certain departments cannot be accessed directly, even if they have
dedicated DID numbers. Some phones, especially public phones, must not be able to dial international numbers Which type of function is configured to control
which device is allowed to call another device in Cisco UCM?

A. partitions and calling search spaces
B. calling patterns and route patterns
C. regions and device pools

D. links and pipes

Answer: A
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NEW QUESTION 17
Which Cisco UCM configuration is required for SIP MW!I integrations?

A. Enable "Accept presence subscription” on the SIP Trunk Security Profile.

B. Select "Redirecting Diversion Header Delivery - Outbound" on the SIP trunk.
C. Enable "Accept unsolicited notification” on the SIP Trunk Security Profile.

D. Select "Redirecting Diversion Header Delivery - Inbound" on the SIP trunk.

Answer: C

NEW QUESTION 21
An engineer is asked to implement on-net/off-net call classification in Cisco UCM. Which two components are required to implement this configuration? (Choose
two.)

A. CTl route point

B. SIP route patterns
C. route group

D. route pattern

E. SIP trunk

Answer: DE
NEW QUESTION 23

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 like this: "@company com
A SIP route pattern that looks ke this: company com
A regular route pattern with the URI feature enabled in the configuration page. The pattem 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 25
Refer to the exhibit.

Volce class codec 1

codec preference 1 g7 11alaw
codec praferance 2 971 ulaw
codec praference 3 g729r8

dial-paar voice 13 voip

description incoming dialpeer from TSP
Incoming called-numbser

voice-class codec 1

dial-paar voice 19 voip

description oufgoing dialppeer to CUCM
deshnaton-patiern 1

S@55i0n protocol sipy2

session-targel pvd 3 3.3.3

voice-class codec 1

Incoming SDF from ITSP

=siptestgl.2 2.2

mizaudio 5000 RTR/AVP 180
a=rtpmap 0 PCMUMB000M
a=ripmap 18 G729 8000M

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

A 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
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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 30
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 35
Refer to the exhibit.

voice translaticn-rule 1
rule 1 /~[2-9)......%/ /\0/ type any subscriber
| rule 2 /*1[2-9]..[2-9]......%/ /\O/ type any subscriber

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

A. The leading Plus is stripped from the numeric phone number.
B. The ISDN Plan is modified to the administrator's defined value.
C. Any zero is stripped from the numeric phone number.

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

Answer: D

NEW QUESTION 36
Refer to the exhibit.

LI

Gl

Cisco Unified element is attempting to establish a call with Subcribersl, but the call fails. Cisco Unified Border Element then retries
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.
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Answer: A

NEW QUESTION 41
A network administrator deleted a user from the LDAP directory of a company. The end user shows as Inactive LDAP Synchronized User in Cisco UCM. Which
step is next to remove this user from Cisco UCM?

A. Delete the user directly from Cisco UCM.

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

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

D. Execute a manual sync to refresh the local database and delete the end user.

Answer: B

NEW QUESTION 45
Refer to the exhibit.

= Aulo- reglulration Information —

Wrwversal Oevscn Termplete " | Ausn reg uiraten Templiste

]
LUrvverial L Termplete Sample Lne Terrplate wmth TAS uisge essmples
Starting Derectory Mumber® [ a0

-
="

Erdeng Dereilory Mumber * 3500

-
bl Aute-regatraten Dasbled on I Ciarn Undsed Commyne stong Maraer

- Chco Unilied Communications Mansger TCP Par Seilings lor ihis Server

[iherret PRorae Pea® —
MCSCP Laten Poa® oy

MESCF Keep-nlnye Por1® |

LTHL

SIP Phone Por " [T

SIP Phong Secure Port® [gae
Save Hriet Appty Coedeg

———— e
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 47

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 52
Refer to the exhibit.

[rule 1 /~\(00257..\)\=\(...\)\-\(....$\)/ /\1\2\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
An administrator needs to create a partial PRI consisting of the first seven timeslots available. Which configuration snippet configures the ISDN E1 PRI for this

task?

A.
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config t

2900(config)#isdn switch-type primary-ni
2900(config)#interface Serial0/0/0:15
2900(config-controller y#pri-group timeslots 1-7

B-config t
2900(config)#isdn switch-type primary-ni
2900(config)#controller e1 0/0/0
2900(config-controller y#pri-timeslots 1-7

¢ config t
2900(config#isdn switch-type primary-ni
2900(config)##controller e1 0/0/0
2900(config-controller )#pri-group timeslots 1-7

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

Answer: C

NEW QUESTION 60
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 62

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 65

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 66
An engineer builds the configuration on a Cisco |0S gateway for the dial-peers:

=

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

B. Codec g729cr81

C. Codec g723ar63

D. Codec g711ulaw

Answer: D
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NEW QUESTION 68
Refer to the exhibit.

INVITE =ip:40008172.16.1.1:5061 SIP/2.0

Via: SIP/2.0/TLS 172.16.2.143:5061 :branch=zPhG4bKBFLAL1SET

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>

Date: Tus, 06 Aug 2019 15:03:05 GHT

Call=ID: 4EA4363=-B77111E9-BAGAFFCF-10B6DTIBR172.16.2.143

Supported: 100rel,timer,resgource-priority, ceplaces, sdp-anat

Hin=3SE: 1800

Cipco=GCuid: 00B2391505=-3077640681=-2319777743-0280418075 L}
User-Agent: Cilaco-SIPGatevay/I08-15.5.3.594b

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

Timeatamp: 1565089565

Contact! <sip:+i40883350000172.16.2.143:506);;cranapoct=tls>

Expires: 180

Allovw=Events: telephoné-ayvent

Max=-Forwards: &8

Ci.:ul:i'l'.::rl.t—TT;-r:: 1;l|:h111_'-:\".:|'_'ﬁ|:|.."_1'd.:|.‘-

Content=Disaposition: sesslonhandling=requirced

Ccontent-Length: 416

w=D

g=CizcoSyatemsSIP-GU=-User Agent B4846 8298 IN IP4 172.16.2.143

a=SIPF Call

eIl IP4 172.16.2.143

=0 0

maudic 44612 RTP/SAVP O 10

c=INH IP4 172
acrypro: Xl
a=crypto: Xl X3
a=grpmap:0 PCHU/S000
sa=popmap: 101 celaphone-avent,/ 8000
asfmtp: 101 O-16

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 69

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

B. Endpoints attempt to register with (he bottom 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: A

NEW QUESTION 70

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 72
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 75

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.
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Answer: A

NEW QUESTION 79
An administrator is developing an 8-class QoS baseline model. The CS3 standards-based marking recommendation is used for which type of class?

A. Scavenger
B. best effort

C. voice

D. call signaling

Answer: D

NEW QUESTION 84
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] %
session protocol "!:Pl::'z 45 10.4
asssion @ iprw 10,
mnﬂ-ntwrg::m sip-notify sip-openil
codec aacid

B)

"
dial-peer volce 1 voip
ransiation-profile cutgoing Stripd
L ST
destinaton-pattern 91[2-9]_[2-9)- %
session protocol sipv?
neasion target ipvd 147 45 101 " .
dtinf-reloay rip-ole Sip- notify = ip-lpm
codec il mods 20

€)

digal-peer voice 1 voip
1l‘..1n-.l,ltlnn-1.|-!'nﬁ'ﬁll outgoing Stripd

man-conn B
b st nabior- Pt 91;? 9).[z-9] : 1
S O pl‘u‘tr_ﬂ_ﬂl alpw
mn;-..inn target ipvd 142 45 113 114.:#!“
ctrmf -relay FiE e sip-notfy =if

codec mpda-latm

D)

dial-peer voice 1 v p
rranslation-profiles ou
"

= S 5 :
‘:;::Hn.lllnﬂ patterm ‘3‘1:[_2 a]..[2-9]
il i
£ -5 1l-1al protoco ]
-..u-\--:.ann target ipva 14d 4!‘; “:.." e ‘
demf-relay rip-nie S48 rotily (aipdt

vgoiing Stnpd
5

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

Answer: B

NEW QUESTION 86
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 87
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.
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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 89
What is the maximum number of servers that are in an IM and Presence presence redundancy group?

0

oo wp
ADNO R

Answer: C

NEW QUESTION 90

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 93

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 94

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 95
Refer to the exhibit.

INVITE sip:1@19.10.10.219;user=phone SIP/2.9

Via: SIP/2.0/TCP 10.10.10.84:50083;branch=z9hG4bk471df613

From: "1234 - My Phone" <sip:1234@10.10.10.219>;tag=381claba7a78002c558eda31-12b8af63
To: <sip:1@16.10.10.219>

Call-ID: 381claba-7a78000d-4ca6894a-41dd3e0f@10.10.10.84

Max-Forwards: 70

CSeq: 101 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

0=C1sco-SIPUA 26529 @ IN IP4 10.10.10.84

s=SIP Call

b=AS5: 4064

t=0 9

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

b=TIAS:64000

asrtpmap:114 opus/48000/2

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

L]

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.)
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A. REGISTER
B. SUBSCRIBE
C. PRACK

D. NOTIFY

E. UPDATE

Answer: BD

NEW QUESTION 99

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?

Partibions

MNAMNF caled storma

Pt Erm dscand prefa By
France C4PTP — % L pre-dot nabonal
4
l —* | ! pre-dot on nabonal
L]
French :
! YOW caled xlorms
P atengyn y = form descard “nl iy 0
M = B profo yp
X W81 F2-9PO00ONO pre-dot subscriber
" France CgPTP
T France cabed xiorms
: = calern descard profa  type
: [ \d predat 00 inbe nabonil
Nce i
Ciat ; wad.! pre-dot 0 natonal
1
1
4 NANF caling xiorms
F:P'I'P patem dscard prolx;  type
| — | W1 prendot natoaal
: .t pre-dot on intarnabonal
i
] i
("Tﬂwu : > France caling xiorms
e : pattam dmcan ol Vo
NANP CgPTP —— ? ? ? ?
i ."T-\"'nﬂ_..'flﬁﬂﬁﬂﬂ-ﬂ [Tah ':H;'I - .‘:-'-'J‘HH
France CgPTP -
i France called oorme
: = atlemn Ol ard prefi  type
: .} pre-cot 00 mermational
Nia i
Gatewarys : 33! pre-dol 0 naticonal
[
i HANP callng xforms
pattam decard prof Iy
- | L pra-ciol nadwonal
! pre-dol on miermabonal
4
- France calling xdorms
pattom decard profa  type
? ? 7 ?
+33.! prav-cot 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

NEW QUESTION 100

The IP phones al a customer site do not pick an IP address from the DHCP An engineer must temporarily disable LLDP on all ports of the switch to leave only
CDP. Which two commands accomplish this task? (Choose two.)

A. Switch# copy running-config startup-config

B. Switch(config)# no lldp run
C. Switch# configure terminal

D. Switch(conlicj)# interface GigabitEthernet1/0/1
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E. Switch(config># no lldp transmit

Answer: BC

NEW QUESTION 104
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 O of the new gateway.

Answer: C

NEW QUESTION 105
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 109
Where in Cisco UCM are codec negotiations configured for endpoints?

A. under device profiles in device settings
B. in in-service parameters

C. under regions using preference lists

D. in enterprise parameters

Answer: C

NEW QUESTION 111
An engineer is notified that the Cisco TelePresence MX800 that is registered in Cisco Unified communications Manager shows an empty panel, and the Touch 10
shows a corresponding icon with no action when pressed. Where does the engineer go to remove the inactive custom panel?

A. The phone configuration page in CUCM Administration

B. The SIP Trunk security profile page in CUCM Administration
C. The software Upgrades page in CUCM OS Administration
D. The In-Room control Editor on the webpage of the MX800

Answer: D

NEW QUESTION 113
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

NEW QUESTION 116
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 crcd
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controller e1 0/0/1

pri-group timeslots 1-11, 12
clock source line

linecode hdbJd

framing crcd

¢ controller e1 0/0/1
pri-group timeslots 1-12
clock source line
linecode hdbd
framing crcd

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

Answer: C

NEW QUESTION 117
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 121
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 123
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 127
Refer to the exhibit.
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Inside firew all

DMZ

(Intranet)

Collaboration
Services

Expressway-C Expressway-E

/ s

On-premise endpoint Media

Qutside firewall
(public Internet)

C

Internet

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 129

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 134

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 139

Which command must be defined before an administrator changes the linecode value on an ISDN T1 PRI in slot 0/2 on an 10S-XE gateway?

A. isdn incoming-voice voice
B. pri-group timeslots 1-24
C.cardtypetl 02

D. voice-port 0/2/0:23

Answer: C

NEW QUESTION 142

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 143

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!
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D. 9.011*

Answer: C

NEW QUESTION 147
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

!

dial-peer voice 8011 pots
translation-profile outgoing INT
destination-pattern 90117

port 001/0:23

Pattern® f\+.! a
Partition [#T_us_vG_co_out xForm =

Description JUS International calling

Numbenng Plan | = None » (2]

Route Filter |.; Nong. > .;.l

~ Urgent Priorty
™ MLPP Preemption Disabled

Called Party Transformations

Discard Dignts | PreDot m
Colled Party Transformation Mask |

Prefix Digins o011

Called Party Number Type* [1nternational

Ll J

Called Party Numbening Plan®  [Private

attern D
Pattern”

Partition | PT_US_VG_COD_Out_xForm =l
Description |uS International calling

Numbering Plan l < Nofo > -]
Route Filter [ None = =)

~ Urgent Priority
™ MLPP Preemption Disabled

Called Party Transformations

I
Discard Digits | PreDot - Wy =
Called Party Transformation Mask |

Prefix Digits Iqol 1

Called Party Number Type " | Cisco CallManager ;I
Called Party Numbenng Plan® |Cuco CallManager ;]
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Pattern® |\+_|
Partition [PT_Us_vG_CO_out_xForm =1
Description ||_|5 International calling

Numbenng Plan I None >

e L
&/

Route Filter '\ None >

~ Urgent Pnonty
™ MLPP Preemption Disabled

Called Party Transformations

Discard Digits | PreDot =
Called Party Transformabon Mask [

Prefix Digits fgou

Called Party Number Type* | International

L I

Called Party Numbenng Plan ’ [ 1SON

Pattern® N+t
Partition |PT_US_VG_CD_Out_xForm

Descnption [US International calling

Numberning Plan 1, None >
Route Filter l e None >

F Urgent Prionty
™ MLPP Preemption Disabled

Called Party Transformations

Discard Dignts | PreDot

Called Party Transformation Mask I

Prefix Digits |9011

Called Party Number Type® | unknown

Called Party Numbening Plan® | Unknown

Answer: C

NEW QUESTION 149
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 152

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

Guaranteed success with Our exam guides visit - https://www.certshared.com



Certshared now are offering 100% pass ensure 350-801 dumps!
rJ CEr‘tSharEd https://www.certshared.com/exam/350-801/ (196 Q&AS)

NEW QUESTION 156

User A Calls user. The call gets connected, but the quality is bed. What are two reasons for this issue? (Choose two)

A. Incorrect partition

B. No region relationship
C. Network congestion
D. Incorrect QoS

E. Incompatible codec

Answer: CD

NEW QUESTION 159

A customer asked to integrate Unity Connection with Cisco UCM using SIP protocol. Which two features must be enabled on SIP security profiles? (Choose two.)

A. accept presence subscription

B. allow changing header

C. accept unsolicited notification

D. enable application-level authorization
E. accept replaces header

Answer: CE

NEW QUESTION 162

What are two reasons that AF41 is marked for the audio and video channels of a video call? (Choose two.)

A. to prioritize video over other high -priority traffic classes
B. to give video calls a higher priority than AP41 in the QoS policy
C. to allow high-definition quality calls over low-speed links

D. to preserve lip synchronization between the audio and video channels

E. to provide separate classes for audio calls and video calls

Answer: AD

NEW QUESTION 165

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 169
Refer to the exhibit.

N BRO/1/1 Q921: User TX -> IDREQ ri=21653 ai=127
BRO/1/1 QEEI: User RX <- SABMEp sapi=0 tei={
BRO/1/1 QS921: User TX -> IDREQ ri=19004 ai=127
BRO/1/1 Q321 User RX <- SABMEp sapi=0 teil=(

A customer submits this debug output, captured on a Cisco 10S 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 Pinterface 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\mudassar\Untitled.jpg interface BRI0/1/1
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interface BRI0/1/1

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 interface BRI0/1/1
no ip address
isdn switch-type basic-net3
isdn incoming-voice vQice
isdn send-alerting
isdn static-tei 0

Answer: C

NEW QUESTION 171
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 172
Refer to the exhibit.

Sent:

IRVITE sip:2004@1%2.168.100,100:5060 SIP/2.0

Via: SIP/2.0/UDP 192.1€8.100.200:5060:branch=z%hGibKF1FED
From: "7000" <sip:70008152.168.100.200>; tag=43CRE-1A22

To: <sip:20048192.168.100.100>

Call-ID: 26BCA00-4CHELIEA-80165514-B1C461260152.168.100,200
Supperted: 100rel,timer, resource-prioritvy,replaces, sdp-anat
Min-SE: 1800

User-Agent: Cisco-3SIPGateway/I05-16.9.5
Allow: INVITE, OFTIONS, BYE, CANCEL, ACK,
CSeq: 101 INVITE

Concact: <sip:7000@81592.168.100.200:5060>
Expires: 180

Max-Forwards: &8

P-Asserced-Identity: "T000" <sip:T000R192.168.100.200>
Session-Expires: 1800

Content-Type: application/sdp

content-Length: 254

PRACK, UPDATE, REFER, SUBSCRIBE, NOTIFY,

v=
omCiscaSystemsSIP-GW-UserAgent 5871 5574 IN IPd 152.168.100.200
s=5IF Call

cmIN IF4 1%2.168.100.200

[ad

i dic 8002 RTP/SAVE O
IP4 192.168.100.200 [}
tpmap:0 POMU/8000

time:20

-

LI I 1|

M ke B O AT D
L

o

INFQ,

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

A. Cisco Unity Connection is configured on G.729 onl

B. Cisco Unity Connection must be reconfigured to support iLBC.

C. Cisco Unified Border Element is not sending any support for DTM

D. OTMF configuration must be added to the appropriate dial peer.

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

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

Answer: B

NEW QUESTION 176
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