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Questions # 1:

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

Options:

 A.

The packets arrive with frame errors.

 B.

The packets arrive at varying time intervals.

 C.

The packets arrive out of sequence.

 D.

The packets never arrive due to tail drop.

 E.

The packets arrive at uniform time intervals.

Answer

B, C

Questions # 2:

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

Options:

 A.

403 Forbidden errors on SIP calls

 B.

excessive jitter



Page 3 of 17

 C.

unexpected shut-down on Cisco Unified Communications Manager

 D.

packet fragmentation

Answer

B

Questions # 3:

After an administrator installs the Cisco jabber Client, it fails to register with the cisco UCM
server. Which two actions should be taken to troubleshoot this problem? (Choose two.)

Options:

 A.

Verify the installation of the LMHOST file on the PC.

 B.

Verify the configuration of the DNS SRV record.

 C.

Verify corporate firewall settings for client connections.

 D.

Verify Layer 3 connectivity on the gateway.

 E.

Reboot the Cisco Unified Border Element Gateway.

Answer

B, C

Questions # 4:
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A Cisco voice gateway is configured to use a sip-kpml DTMF relay in global settings. A new SIP
dial peer is configured for a third-party application that only supports an in-band DTMF relay.
Which commands must an engineer run on the dial peer?

Options:

 A.

dtmf-relay sip-info

 B.

dtmf-relay sip-notify

 C.

dtmf-relay rtp-net

 D.

no dtmf-relay sip-kpml

Answer

C

Questions # 5:

Refer to the exhibit.

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?
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Options:

 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

Questions # 6:

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

Options:

 A.

G.722

 B.

G.711

 C.

G.729

 D.

G.723
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Answer

C

Questions # 7:

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

Options:

 A.

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

 B.

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

 C.

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

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

Questions # 8:

Cisco Prime Collaboration Manager is using Cisco Discovery Protocol to discover devices in an
automated setup. What must be used to get alerts and faults via traps from devices at regular
polling intervals?

Options:

 A.

HTTPS

 B.

CDP

 C.

SNMP

 D.

XML

Answer

C

Questions # 9:

An engineer must deploy the Cisco Webex app to a shared Windows Virtual Desktop
Infrastructure environment in the C:\Program Files folder. Which command line argument must
be run when running the installer?
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Options:

 A.

Option A

 B.

Option B

 C.

Option C

 D.

Option D

Answer

C

Questions # 10:
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Refer to the exhibit. Which route pattern can the Cisco UCM administrator apply to the
configuration to allow calls to "1306.1316.1326,13*6.13#6” only?

Options:

 A.

13XX

 B.

13[25-8]6

 C.

13!#

 D.

13[A3-9)6

Answer

D
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Questions # 11:

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

Options:

 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

C, E

Questions # 12:

An engineer must create a route pattern for a SIP trunk with the pattern named
Unity_Con_SIP_Trunk and a voicemail pilot number 8000/< None > in Cisco Unity Connection.
Which value must the engineer enter for the Gateway/Route List field?
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Options:

 A.

Option A

 B.

Option B

 C.

Option C

 D.

Option D

Answer

D

Questions # 13:
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Refer to the exhibit. An administrator is attempting to register a SIP phone to a Cisco UCM but
the registration is failing. The IP address of the SIP Phone is 10.117.34.222 and the IP address
of the Cisco UCM is 10.0.101.10. Pings from the SIP phone to the Cisco UCM are successful.
What is the cause of this issue and how should it be resolved?

Options:

 A.

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

 B.

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

 C.

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

 D.

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

Answer

D

Questions # 14:

An engineer roust configure DTMF relay on a Cisco Unified Border Element by using RFC2833
as the preferred relay mechanism and KPML as the

next preferred relay mechanism. The engineer logs in to the CUBE and enters the dial-peer
configuration level. Which command should be run at

dial-peer configuration level?

Options:

 A.

dtmf-relay sip-kvmi rtp-nte
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 B.

dtmf- relay rtp-nte sip-kpml

 C.

dtmf-relay sip-kgml rtp-inband

 D.

dtmf-relay rtp-inband sip-kvmi

Answer

B
Explanation

The dtmf-relay command is used to configure DTMF relay on a Cisco Unified Border
Element. The rtp-nte option specifies that RFC2833 is the preferred relay mechanism, and
the sip-kpml option specifies that KPML is the next preferred relay mechanism.

Questions # 15:

Refer to the exhibit A call from +1 613 555 1234 that is sent out through the Nice Gateways
should result in a calling party of 001 613 555 1234 with the numbering type "international'
Which configuration accomplishes this goal?
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Options:

 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

Questions # 16:

Which two access layer switches provide support to provide high-quality voice and take



Page 16 of 17

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

Options:

 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.IQ trunking and 802.lp 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
requlreq per voice call on point-to-point links.

 D.

Deploy RSVP to improve VoIP 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

A, B
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