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1.Which of the following statements outline the correct way to implement a non-standard softkey
template?

A.Select a softkey template; copy the template and rename it; insert it; modify the template and update
the changes.

B.Select a softkey template; rename it; modify it and update the changes.

C.Select the default softkey template, rename it; insert it; modify it and update the changes.

D.Select add softkey template, name it; update it; modify the template and update the changes.
Correct:A

2.Which port(s) must be opened on an I0S firewall to allow successful MGCP (Media Gateway
Control Protocol) message exchanges between a CallManager and an I0S MGCP PRI gateway?
A.TCP 2000 and TCP 2002

B.TCP 2427 and UDP 2428

C.UDP 2427

D.UDP 2427 and UDP 2428

E.UDP 2427 and TCP 2428

Correct:E

3.There are 2 remote sites and one main site. Each site has a CME router with many IP phones in
an IPT deployment. The Network Administrator wants to provide all of the phones voicemail
access using CUE. Which way can CUE be deployed?

A.Cisco Unity Express and the CME gateway at each site must be collocated in the same router chassis
providing voicemail access to local IP phones registered to local CME.

B.One Cisco Unity Express can be used at the main site with CME router providing voicemail access to all
the 3 sites.

C.One Cisco Unity Express with CME can be used at the main site to provide voicemail access to the IP
phones at the main site. Another Cisco Unity Express with CME can be used at one of the remote sites to
provide voicemail access for all of the IP phones at the two remote sites.

D.Cisco Unity Express and the CME gateway at each site may NOT be collocated in the same router
chassis providing a voicemail access to local IP phones registered to local CME.

Correct:A

4. Which of the following are NOT true statements about Certificate Trust List (CTL) File? (Choose
2)

A.ltis a list of devices and credentials that a phone should trust on the network.

B.The CTL file is signed by administrator workstation password.

C.It contains identity, public key and role information.

D.Phones need to trust all entries in the CTL file which could be CCM, TFTP, CAPF, etc.

E.The CTL file is loaded to the phone each time when authentication is required.

F.The CTL is created by CTL Client on administrator workstation.

Correct:B E

5.A CallManager Group can provide which two features to your call processing system? (Choose
2)

A.Support for SRST in remote offices

B.Enables you to distribute the control of devices across multiple Cisco CallManagers

C.Enables you to distribute voice mail support across multiple Unity servers
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D.Support for redundancy by enabling you to designate a primary and backup Cisco CallManagers for
each group

E.Support for control of IPMA across primary and backup Cisco CallManagers for each group
Correct:BD

6.When comparing SIP, H.323, and MGCP, and SCCP in a VoIP deployment, which Protocol will
satisfy the following requirements: Requirement 1: It has a mechanism for a centralized dial-plan
Requirement 2: The endpoints are considered to be unintelligent Requirement 3: The protocol
must be text-based

A.SIP

B.H.323

C.MGCP

D.SCCP

Correct:C

7.Which 2 are NOT functions performed by Cisco Media Streaming App Service?

A.Provides SCCP stack for 4 software devices: ANN, CFB, MOH, and MTP

B.Supports DB change notification processing

C.Converts new MOH source files to separate WAV files for MOH codecs

D.Provides SDI trace, event logs, and Perfmon counters

E.Adjusts volume levels of MOH source files

F.Provides audio data from WAV files: ANN, MOH

Correct:C E

8.An IP phone is connected to a Cisco inline power switch Port. Switch is running 10S image on it.
The switch port is acting as a trunk and is running both Voice and Data VLAN configuration on it.
We would like the IP Phone connected to switch port in voice VLAN to set layer 2 priority of all the
packets coming from PC to default 0. Which 10S CLI in Interface Port configuration on Inline
power switch can help us achieve our objective?

A.switchport access priority extend cos 0

B.switchport priority extend cos 0

C.switchport trunk priority cos 0

D.switchport mode access priority extend cos 0

E.mls qos priority extend cos 0

F.switchport access extend cos 0

Correct:B

9.A company has a headquarters with a centralized CallManager and 5 remote offices. All the
remote offices have extensions in the range of 1000-1150. To allow inter-office calls each office
has been assigned a 3 digit site code. To call between sites, users will dial an access code
followed by the 3 digit site code and the extension. Which of the following describes how these
inter-office access codes should be configured?

A.A translation pattern is created for each office and placed in a partition available to all phones. The
translation pattern strips the access code and site code and is assigned a Calling Search Space that
includes only the phones located in the office.

B.A translation pattern is created for each office and is placed in a partition available to the phones at that
office. The translation pattern strips the access code and site code and is assigned to Calling Search
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Space that includes all local phones.

C.A route pattern is created for each office and placed in a partition available to all phones. The route
pattern strips the access code and the site code and routes the call to the remote office's gateway.

D.A route pattern is created for each office and placed in a partition available to phones at that office. The
route pattern strips the access code and site code and routes the call to the remote office's gateway.
Correct:B

10.Which type of media resources would be required for a single site call processing model?
A.MTP

B.Locations

C.Regions

D.Transcoders

Correct:A

11.Which method could be used to determine if there is a JTAPI memory leak in a CallManager
server?

A.Look at the physical memory available of the server.

B.Review all CCM User logs

C.Check for changes to IP phone settings, like ring settings reverting to default values

D.Determine if dialing the voice mail pilot number fails to connect to voice mail

E.Check for an increasing number of fast busys when dialing to the PSTN

Correct:A

12.Which statement does NOT describe dialing domain functionality in Cisco Unity?

A.Dialing domains are multiple Unity servers that are handling subscribers that are on a single switch or
networked switch

B.All users in the dialing domain should be able to pick up their phones and dial each other directly
without having to dial trunk access codes or use outside lines.

C.Dialing domains are also necessary if the Unity servers involved don't have overlapping dial plans.
D.Dialing domain IDs are stored on the primary location object. Multiple primary location objects with the
same value for this ID make up a dialing domain.

E.All delivery locations get the same dialing domain ID as the primary location of the box they are created
on.

Correct:C

13.Two divisions in your company need to exchange Unity voice messages using VPIM. Calls from
Division A to Division B are made using a site code of "919" followed by the recipient's 4 digit
extension. The primary extension in Unity is the user's four digit extension. Which of the following
configurations on Division A's Unity server will allow messages to be forwarded between Unity
systems using the same seven digit dialing that is used to place direct calls? (Choose 3)

A.Add the seven digit number as an alternate extension to each VPIM subscriber

B.Configure the Extension on the VPIM subscriber to "919" plus the recipient's four digit extension
C.Configure the Remote Mailbox Number on the VPIM subscriber to the recipient's four digit extension
D.Configure the Remote Phone Prefix to "919"

E.Configure the Dial ID to "919"

Correct:BCE

14.When configuring IP Manager Assistant (IPMA) in a shared line mode, how are the manager and
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assistant Directory Numbers (DN) configured?

A.The manager and assistant both share the same directory number (DN).

B.The manager and assistant have separate directory numbers (DN), but share an IPMA directory number.
C.The manager and assistant each have separate directory numbers (DN).

D.The manager and assistant share a directory number (DN) and an IP Manager Assistant (IPMA)
directory number.

Correct:A

15.What occurs if the system clocks are not synchronized between the sender and receiver of an
RTP stream?

A.Packets can be placed in sequence but jitter cannot be compensated for.

B.Packets cannot be reordered for sequence and jitter cannot be compensated for.

C.Jitter can be compensated for, but packets cannot be reordered if they arrive out of sequence.
D.Packets may be reordered and jitter may be compensated for as the timestamp is not related to the
system time.

E.When the RTP stream is opened, the sender and receiver synchronize their clocks before the stream
commences so that packet sequencing and dejitter will function correctly.

Correct:D

16.Which 3 functions are NOT performed by a Route Pattern? (Choose 3)

A.Points to the actual IP phone

B.Matches dialed number for external calls

C.Performs digit manipulation

D.Points to a route list for routing

E.Chooses path for call routing

F.Points to prioritized route groups

Correct:AEF

17.Which one of the following does NOT state Multicast Technologies Advantages?

A.Enhanced Efficiency: controls network traffic and reduces server and CPU loads

B.Optimized Performance: eliminates traffic redundancy

C.Distributed Applications: makes multipoint applications possible

D.Bandwidth-conserving technology that reduces traffic by simultaneously delivering a single stream of
information to thousands of corporate recipients and homes

E.Prevent Denial of service (DoS) attacks in the networks

Correct:E

18.Why can't TCP be used for transferring audio and video over UDP? (Choose 5)

A.TCP does not have a mechanism for sufficiently long buffering and adequate average throughput.
B.Reliable transmission is inappropriate for delay-sensitive data such as real-time audio and video.
C.TCP cannot support multicast.

D.The TCP congestion control mechanisms decreases the congestion window when packet losses are
detected ("slow start").

E.TCP headers are larger than a UDP header.

F.TCP does not contain the necessary timestamp and encoding information needed by the receiving
application.

CorrecttBCDEF
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19.The IOS command "call rsvp-sync resv-timer 10" is used to set the timer on the:

A.Originating VolP gateway for completing RSVP reservation setups within 10 seconds

B.Originating and terminating VolP gateway for completing RSVP reservation setups within 10 seconds
C.Terminating VoIP gateway for completing RSVP reservation setups within 10 seconds

D.VolP gatekeeper for completing RSVP reservation setups within 10 seconds

Correct:C

20.Calculate the percentage of overall bandwidth saved (at Layer 3) by cRTP for a G.729 VolP call
packetized at 50 pps.

A.Approximately 60%

B.Approximately 50%

C.Approximately 40%

D.Approximately 30%

E.Approximately 20%

Correct:A

21.Refer to the exhibit. While debugging a problem on SIP network, one of the messages
displayed when the debug ccsip messages command is entered is shown in the exhibit. What
information will the server return to the caller?

May 9 02:13:06.370:
Zend:
SIF/2.0 415 Unsupported media type
Via: SIPSZ.0/UDFP 10.0.1.3:54475
From: sSip:7300001R10.0.1.3
To: <sip:7900001E10.0.2.3;user=phone>;:tag=9E3374-13EE
Date: Tue, 03 Maw 13993 02:13:06 UTC
Call-ID: 7PBSDI3FZ-6EESO01E-0-9BCES4R10.0.1.3
Server: Cisco VolIP Gateway/ I03 1Z.x/ 3IF enabled
Content-Type: applicationdsdp
C3eq: 100 INVITE
Content-Length: 442

A.The acceptable media type

B.A list of acceptable media types

C.Alist of acceptable formats

D.A correct directory number

E.An acceptable language code

Correct:C

22.Refer to the exhibit. Two ports on a 3600 gateway platform are stuck in the EM_PARK state.
What workaround can be configured on the router to help alleviate this situation?
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Fouter# show voice call summary

FORT CODEG MAD YTeFE STATE VYPM STATE
A — = = EM ONHOOK
T 2000 = = = EM PARK
Al - - - EM PARK
L = = = EM CNHOOK
e SRl IS — = = EM CWHOOK

A.Fake Answer

B.A GetDigit Timeout value

C.A call park watchdog timer

D.Configure the interface for wink-start signaling

Correct:A

23.Based upon your understanding of an SCCP 7960 IP phone bootup sequence, what must be
true for the CallManager to send the IP phone an SEPDefault.cnf file instead of an SEP (mac
address) file? (Choose 3)

A.The IP phone must request SEPDefault.cnf file explictly.

B.Auto Registration must be enabled.

C.The IP phone must be configured in the "default" partition.

D.The IP phone should not have previously registered with this CallManager cluster.

E.The IP phone must have previously registered, but the IP Phone was power cycled.

Correct:ABD

24.Two type of RSVP reservation types are:

A.Distinct and Shared

B.Same and Distinct

C.Shared and non-shared

D.Reservation and Path

Correct:A

25.A CME site has a group of attendants that answer calls for 3 different companies. The dial-plan
for the CME site is listed below. CompanyA: 4085551111 CompanyB: 4085552222 CompanyC:
4085553333 AttendantA: 100 AttendantB: 101 AttendantC: 102 Identify the configuration that will
meet the following criteria: 1. Incoming DNIS call to company A, B or C's dial-in number will hunt
to the attendant that has been idle the longest. 2. The name of the company that was called should
appear on the phone display. 3. Attendants can logout so that calls to Company A, B or C will
bypass their phone.

A.telephony-service directory entry 1 4085551111 name CompanyA directory entry 2 4085552222 name
CompanyB directory entry 3 4085553333 name CompanyC service dnis dir-lookup ephone-hunt 1
longest-idle pilot 105 secondary 408555.... list 100,101,102 preference 1 timeout 5

B.telephony-service directory entry 1 4085551111 name CompanyA directory entry 2 4085552222 name
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CompanyB directory entry 3 4085553333 name CompanyC service dnis dir-lookup ephone-hunt 1
longest-idle pilot 408555.... list 100,101,102 preference 1 timeout 5

C.ephone-dn 1 number 100 secondary 408555.... name CompanyA preference 1 no huntstop ! ephone-dn
2 number 101 secondary 408555.... name CompanyB preference 2 no huntstop ! ephone-dn 3 name
CompanyA number 102 secondary 408555.... preference 2 no huntstop

D.ephone-dn 1 number 408555.... name CompanyA preference 1 no huntstop ! ephone-dn 2 number
408555.... name CompanyB preference 2 no huntstop ! ephone-dn 3 name CompanyC number 408555....
preference 3 no huntstop

E.telephony-service directory entry 1 4085551111 name CompanyA directory entry 2 4085552222 name
CompanyB directory entry 3 4085553333 name CompanyC service dnis dir-lookup ephone-dn 1 number
100 secondary 4085551111 preference 1 no huntstop ! ephone-dn 2 number 101 secondary 4085552222
preference 2 no huntstop ! ephone-dn 3 number 102 secondary 4085553333 preference 2 no huntstop
Correct:A

26.A software media termination point should be deployed to support which call processing
models and services?

A.To support remote sites for multi-site distributed call processing models and H.323v1.

B.To support remote sites in a centralized call processing model and H.323v1.

C.To support single site call processing models and H.323v1.

D.To support IP Telephony Service Providers and H.323v1.

Correct:C

27.Which of the following are mandatory sub-commands under call-manager-fallback and will help
an IP Phone register to an 10S router in SRST mode? (Choose 3)

A.access-code

B.dialplan-pattern

C.ip source-address

D.keepalive

E.max-dn

F.max-ephones

Correct:CEF

28.Consider the exhibit. A call placed from extension 2000 to extension 2001 is forwarded to
voicemail. Instead of the greeting for 2001, the default greeting is heard. The caller is able to select
extension 2001 from the voicemail AA and leave a message. From the SMDI trace, what is the most
likely cause of this problem?

[<CR><LF>MD0010002A2001<0x20>2000<0x20><CR><LF><AY>]
[OP:MWI<0x20>20011<EQT>]
[<CR><LF>MD0010004D<0x20>2001<0x20><CR><LF><"Y>]

[OP:RMV: MWI,0x20>20011<EOT>]

A.The 'External Phone Number Mask' for extension 2001 is not set correctly.
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B.The 'OutputExternalFormat' parameter is not set correctly.

C.The 'OutputDnFormat' parameter is not set correctly.

D.The 'InputDnSignificantDigits' parameter is not set correctly.

E.The LTN does not match the port the call is forwarded on.

Correct:E

29.Which would be situations where configuring and using a DNS server would be advisable in an
IP telephony network. (Choose 2)

A.If Network Address Translation (NAT) is required for communication between the IP phones and Cisco
CallManager.

B.DNS names resolution is required within the cluster deployed in a single site.

C.DNS names resolution is required for Multi-Site WAN Deployments with Centralized Call Processing.
D.DNS names resolution is required for Multi-Site WAN Deployments with Distributed Call Processing.
E.IP telephony disaster recovery network configurations.

F.The size of the DNS response exceeds 1500 bytes, so only the first 1500 bytes are returned by the DNS
server.

G.The MTU size in the network is longer than the bandwidth will allow.

Correct:AE

30.Consider the exhibit. On which two of the links (labeled A through F) would SCCP be used as
the protocol? (Choose 2)

Gatekeeper
IF PHone @ Video- Telephnny
i Enl:lpl:unt
=5 y A
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Callhﬂanage I
-r" e
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- Sy
= "‘*-*
2|
|| +
Digital PSTH == SIP Proxy CallManager
Gateway  (Not mcluding 6608) Sarvar

AA
B.B
c.C
D.D
E.E
F.F
Correct:B F
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