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QUESTION NO: 1 - (DRAG DROP)

Drag and drop the sizes from the left onto the availability for Webex Board on the right Not all sizes are used

24-inch 5 available sre for Webex Board
55-inch | availabhe se for Webex Boded
70-wnich svailable s for Webex Board
B5-nch
ANSWER:
1
M-inch 55-inch |
55-inch T0-nch ‘
!
T0=-inch B5%-inch |
83-nch
Explanation:

The correct availability sizes for Cisco Webex Board are 55-inch, 70-inch, and 85-inch. These represent the large-format
interactive collaboration displays in the Webex Board family, designed for shared room experiences such as video meetings,
wireless content sharing, digital whiteboarding, and annotation. A 55-inch unit is appropriate for smaller collaboration spaces,
while the 70-inch and 85-inch models provide a larger interactive canvas and improved visibility for larger rooms and groups.
Therefore, the three availability locations should be filled, from top to bottom, with 55-inch, 70-inch, and 85-inch.

This sizing aligns with Cisco’s Webex Board product information and documentation for the Board portfolio. The devices
were offered as integrated, touch-enabled collaboration endpoints in these display sizes, allowing organizations to select a
model based on room dimensions and viewing distance while retaining the core Webex collaboration workflow. The 24-inch
size is not part of the Webex Board display-size lineup and is correctly left unused. Cisco’s Webex Board overview is
available at Cisco Webex Boards, and Cisco product documentation for the 55-inch, 70-inch, and 85-inch Webex Board
models is available through the Cisco Webex Board Series installation and configuration guides.

QUESTION NO: 2

Which two items are commonly recorded in a Cisco Unified Communications Manager call detail record (CDR)? (Choose
two.)

A. Calling and called party information
B. Call start and end time information

C. Full audio recording
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D. Complete video media stream

E. Switch-port MAC address table

ANSWER: AB

Explanation:

Calling and called party information and call start and end time information are correct. Cisco Unified CM CDRs
provide call-accounting data that can be used for reporting, troubleshooting, and billing-related analysis. The records can
identify the participating directory numbers or parties and provide time-related information from which call duration can be
determined.

CDRs do not contain the audio recording of the call, and they do not store the complete video media stream. Media-quality
details may be available through related monitoring records and tools, but the CDR is primarily a call-accounting record.

See the Cisco Unified CM Serviceability Guide.

QUESTION NO: 3

Which two statements describe Cisco Meeting Server 1000 and 20007 (Choose two.)
A. Cisco Meeting Server 1000 and 2000 are preconfigured as virtualized servers

B. Both servers support the H 323 protocol

C. Cisco Meeting Server is an on-premises conferencing platform

D. Both servers support the SIP protocol

E. Cisco Meeting Server 1000 runs on a preconfigured UCS 5108 blade server

ANSWER: BCD

Explanation:

Cisco Meeting Server 1000 and 2000 provide an on-premises conferencing deployment for organizations that host
collaboration services in their own data centers. The platforms deliver a software-based meeting service supporting video,
audio, and web participation, while allowing integration with an organization’s existing call-control and conferencing
environment. Cisco describes Meeting Server as a platform for premises-based conferencing and interoperability.

Both platforms support SIP, which is the primary signaling protocol used to connect SIP endpoints, Cisco Unified
Communications Manager, Expressway, and other SIP-capable infrastructure to Cisco Meeting Server spaces. They also
support H.323 interoperability through the Cisco Meeting Server H.323 gateway capability. This enables H.323 endpoints
and systems to participate in meetings and communicate with the SIP-oriented Meeting Server environment. Because the
conferencing capabilities are delivered by the Cisco Meeting Server software and its supported components, these protocol
capabilities apply to both the 1000 and 2000 appliance offerings.

See Cisco’s Cisco Meeting Server product information and the Cisco Meeting Server Deployment Guide for deployment
architecture and SIP/H.323 integration details.

QUESTION NO: 4

When completing the remedial procedures on the Cisco Webex DX80. an option key is required (or activating optional
functionality such as MultiSite Which two types of information does the customer administrator need to transfer the license
and generate the option key? (Choose two)

A. DX80 part number

B. customer license account number
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C. Current option key
D. serial numbers of the new DX80 and the replaced DX80

E. RMA number

ANSWER: CD

Explanation:

License transfer for a replacement Cisco Webex DX80 is tied to the identity of both the original endpoint and its replacement.
Therefore, the serial numbers of the new DX80 and the replaced DX80 are required to identify the system from which the
entitlement is being moved and the system to which the replacement option key must be bound. Cisco option keys are
generated for a specific endpoint serial number, so the replacement unit cannot simply reuse an entitlement without this

mapping.

The Current option key is also required because it identifies the optional functionality and licensing already assigned to the
replaced endpoint. Supplying that key enables the applicable license entitlement, such as MultiSite functionality, to be
transferred and a corresponding option key to be generated for the replacement DX80. This preserves the customer’s
licensed capabilities following the remedial or replacement procedure. Cisco endpoint administration documentation
describes option keys as endpoint-specific licensing mechanisms, while Cisco’s licensing resources provide the operational
context for managing and moving software entitlements. See Cisco’s Collaboration Endpoint Administrator Guide and Cisco
Software Licensing.

QUESTION NO: 5

What provides the coding and decoding translation between analog and digital facilities?
A. Transformer

B. Translator

C. Converter

D. Codec

ANSWER: D

Explanation:

Codec is correct because the term is derived from “coder-decoder” (or “compressor-decompressor”) and identifies the
function that converts information between representations suitable for different transmission facilities. In Cisco Collaboration
voice systems, codecs encode an analog voice signal into a digital bit stream for transport across a digital network and
decode the received digital stream back into an audio signal that can be played to the listener. This function is fundamental
to carrying voice over packet-based infrastructure while retaining usable speech quality and managing bandwidth
consumption.

For example, commonly deployed voice codecs such as G.711 and G.729 define how sampled voice is encoded for
transmission and decoded at the receiving endpoint. Cisco documentation describes codec selection as part of establishing
media capability between call endpoints, and notes that codecs determine the encoding used for voice payloads. The actual
processing is commonly performed by endpoint hardware or digital signal processors, but the coding-and-decoding
translation function itself is the codec. See Cisco’s Cisco Unified Communications Manager codec configuration
documentation and the Cisco 10S Voice codec documentation.

QUESTION NO: 6

What does the status LED abound the power button on the DX80 mean when it repeatedly flashes twice?
A. standby mode

B. incoming call
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C. no network connection

D. normal operation

ANSWER: C

Explanation:

The correct meaning is no network connection. On a Cisco DX80, the status LED surrounding the power button provides a
quick indication of the endpoint’s operating and connectivity state. A repeating pattern of two flashes is the device’s network-
connectivity warning: the endpoint does not have an active network connection. This condition can occur when the Ethernet
cable is disconnected, the connected switch port is down or disabled, or the endpoint cannot establish its expected network
link. Because a DX80 depends on network access for call control registration, directory services, and placing or receiving
calls, this LED pattern should prompt a physical and logical connectivity check. Verify the Ethernet connection and switch-
port status first, then confirm that the endpoint has obtained appropriate network settings and can reach its configured
collaboration services. Cisco documents the DX70/DX80 LED indications, including the repeated double-flash pattern, in the
endpoint administration documentation. See the Cisco DX70 and DX80 Administrator Guide and Cisco’s DX80 product
support page for device documentation and support resources.

QUESTION NO: 7

A Cisco IP Phone has obtained an IP address through DHCP but cannot locate its TFTP server to download its configuration
file. Which DHCP option should be verified for a Cisco Unified CM deployment?

A. Option 43
B. Option 66
C. Option 150
D. Option 252

ANSWER: C

Explanation:

Option 150 provides Cisco IP phones with the IP address of one or more TFTP servers. The phone uses the TFTP service
to obtain its device-specific configuration and, when required, firmware files. If the option is absent or contains an incorrect
address, the phone can receive normal IP network settings but fail to obtain its configuration.

Cisco documents DHCP option 150 as the Cisco-specific mechanism for supplying TFTP server addresses to IP phones.
See the Cisco Unified Communications Manager System Configuration Guide.

QUESTION NO: 8

How can Quality of Service be described?
A. Speed is the maximum amount of Information in bits per second that can be transmitted across a network

B. Relay is the finite amount of time that it takes a packet to reach the receiving endpoint after being transmitted from the
sending endpoint

C. Packet loss is a relative measure of the number of packets that were not received compared to the total number of
packets transmitted

D. Latency is the difference in the end-to-end delay between packets

ANSWER: C

Explanation:
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Quality of Service is evaluated through measurable network-performance characteristics that affect the delivery quality of
real-time traffic such as voice and video. Packet loss is a relative measure of the number of packets that were not
received compared to the total number of packets transmitted is an accurate description of one of those key QoS
metrics. It is normally expressed as a percentage: packets that are sent but do not arrive at the destination count as lost. For
collaboration services, packet loss directly degrades media quality because missing voice or video packets cannot generally
be retransmitted in time for real-time playback. Cisco QoS designs therefore classify and prioritize latency-sensitive media
traffic and seek to prevent congestion-related drops, particularly for marked real-time traffic. QoS monitoring commonly
considers packet loss together with delay, delay variation, and available bandwidth to assess whether the network can
support an acceptable user experience. Cisco’s Enterprise QoS documentation discusses loss, latency, and jitter as
important considerations for real-time applications, while Cisco’s collaboration guidance identifies packet loss as a core voice
and video quality metric. See Cisco Enterprise QoS Solution Reference Network Design Guide and Cisco Voice over IP—
Per Call Bandwidth Consumption.

-Page 7 of 7


https://vtsimu.com/redirect?url=https%3A%2F%2Fdumpsboss.co
https://vtsimu.com/redirect?url=https%3A%2F%2Fdumpsboss.co%2Fid%2F5457
https://www.cisco.com/c/en/us/td/docs/solutions/Enterprise/WAN_and_MAN/QoS_SRND/QoS-SRND-Book.html
https://www.cisco.com/c/en/us/support/docs/voice/voice-quality/18902-voip-perf.html
https://www.cisco.com/c/en/us/support/docs/voice/voice-quality/18902-voip-perf.html

