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Exam A

QUESTION 1
Where does an IP phone obtain the extension number and speed-dial settings from?

A. the settings that are configured on the physical phone
B. the registration file that the phone receives from the Cisco Unified Communications Manager 
C. the device and line configuration in Cisco Unified Communications Manager, during the registration process
D. the default device profile that is configured in Cisco Unified Communications, Manager

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
Explanation: When we configure IP phone profile in CUCM that time we also configure extension number
and speed dial as per requirement. When IP reachability gets establish between IP phone and CUCM then
phone will download config file from CUCM during initial registration process. Link: http://www.cisco.com/en/US/
docs/voice_ip_comm/cucm/admin/3_1_2/ccmcfg/b06phone.html

QUESTION 2
Which web-based application that is accessed via the Cisco Unified Communications Manager Administration
GUI generates reports for troubleshooting or inspecting cluster data?

A. Cisco Unified Serviceability alarms
B. Cisco Unified RTMT Trace and Log Central
C. Cisco Unified RTMT Monitor
D. Cisco Unified Reporting tool

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation: Link:http://www.cisco.com/en/US/docs/voice_ip_comm/cucm/service/5_1_3/report/curptg.html

QUESTION 3
Which statement about device mobility is true?

A. When local route groups are used, there is no need to configure device mobility groups orphone device
CSSs as long as phone line CSSs are used

B. When local route groups are used, you must configure device mobility groups and phone device CSSs
C. When the device mobility group at the home device pool and roaming device pool are not the same, the

Phone will keep the home region.
D. When device mobility groups at the home device pool and roaming device pool are the same, the phone will

keep the home MRGL setting.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Explanation:

QUESTION 4



Refer to the SDI trace in the exhibit: 

A PSTN call arrived at the MGCP gateway that is shown in the SDI trace. If the caller ID that is displayed on the
IP phone is 087071 222 and the HQ_clng    pty_CSS contains the HQ_cing_pty_Pt partition, which exhibit
shows the correct gateway digit manipulation"?

1 (exhibit):



2 (exhibit):



3 (exhibit):



4 (exhibit):



5 (exhibit):



6 (exhibit):



7 (exhibit):



8 (exhibit):



9 (exhibit):



10 (exhibit):



11 (exhibit):



12 (exhibit):



13 (exhibit):



14 (exhibit):



15 (exhibit):



A. Exhibit A 
B. Exhibit B 
C. Exhibit C 
D. Exhibit D

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation: Actual incoming number is 14-087071 222 but next to this information in trace we can see two
digits are stripped which is international code hence D is valid answer.

QUESTION 5
When a database replication issue is suspected, which three tools can be used to check the database
replication status? (Choose three.)

A. Cisco Unified Communications Manager RTMT tool
B. Cisco Unified Communications Manager Serviceability interface
C. Cisco Unified Reporting



D. Cisco Unified Communications Manager CLI interface 
E. Cisco IP Phone Device Stats from the Settings button 
F. Cisco Unified OS Administration interface

Correct Answer: ACD
Section: (none)
Explanation

Explanation/Reference:
Reference: http://www.cisco.com/en/US/products/sw/voicesw/ps556/
products_tech_note09186a00809643e8. shtml

QUESTION 6
Which of these reasons can cause intrasite calls within a Cisco Unified Communications Manager cluster to
fail?
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A. The route partition that is configured in the CCD requesting service is not listed in the calling phone CSS
B. The trunk CSS does not include the partition for the called directory number
C. The MGCP gateway is not registered
D. The calling phone does not have the correct CSS configured
E. The calling phone does not have the correct partition configured.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation:To make a successful call within CUCM cluster following condition should satisfy.
Link- http://www.cisco.com/en/US/products/sw/voicesw/ps556/products_tech_note09186a0080094b53. shtml

QUESTION 7
Refer to the exhibit. 

When a Cisco IP Communicator phone roams from San Jose (SJ) to RTP, the Cisco IP Communicator
physical location and the device mobility group change from SJ to RTP All route patterns are assigned a route
list that points to the local route group All device pools are configured to use the local route group Which
statement is true when the roaming phone places an AAR call?

Exhibit:



A. Since globalized call routing is not configured, then the SJ gateway will be used in this case 
B. The phone will use the AAR CSS that contains the SJ_PSTN partition. The call will egress at the SJ

gateway
C. The phone will use the AAR CSS that contains the RTP_PSTN partition. The call will egress at the SJ

gateway
D. The phone will use the AAR CSS that contains the SJ_PSTN partition. The call will egress at the RTP

gateway.
E. The phone will use the AAR CSS that contains the RTP_PSTN partition The call will egress at the RTP

gateway

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation:
Cisco Unified Communications Manager Version 7.0 introduced the Local Route Group feature.When using
local route groups, gateway selection is totally independent of the matched route pattern and referenced route
list and routegroup. The use of the Local Route Group feature makes no changes regarding roaming-sensitive
settings. The application of these settings always makes sense when roaming between sites. 

The settings have no influence to the gateway selection and the dial rules that a user must follow. However, the
dial planrelated part of Device Mobility changes substantially withthe new dial plan concept, This concept allows
a roaming user to follow the home dial rules for external calls but use the local gateway of the roaming site In
this case, When the device mobility group is not the same for San Jose and RTP, the Device Mobility related
settings are not applied. The phone device keeps its San Jose-specific configuration Despite the San Jose-



specific configuration on the phone, the PSTN calls that originate from the roaming phone are routed via the
local PSTN gateway (RTP GW) and are based on the route list and device pool local route group settings.

The San Jose-specific dial plan is used. Also, AAR
remains configured with the San Jose-specific configuration, but if the San Jose dial plan and San Jose AAR
CSS permit and if the AAR group contains the prefix that can be applied in RTP, then AAR can work

QUESTION 8
Refer to the exhibits. 

Low latency queuing has been implemented on the HO and BR1 routers to allow five G.729 calls. Callers are
still experiencing poor audio, in particular choppy and delayed audio during traffic congestion. This problem
occurs even with just one active call. Which two actions will solve the issue?

16 (exhibit):

17 (exhibit):



18 (exhibit):



19 (exhibit):



20 (exhibit):



21 (exhibit):



22 (exhibit):



23 (exhibit):



24 (exhibit):



25 (exhibit):



26 (exhibit):



27 (exhibit):



28 (exhibit):



29 (exhibit):



30 (exhibit):



31 (exhibit):



A. Change the codec type to G 711. J
B. Configure RSVP call admission control
C. Configure L ink Fragmentation and Interleave on the WAN links
D. Configure RTP header compression on the WAN links
E. Increase the priority queue bandwidth to 80 Kb/s
F. Configure location settings in Cisco Unified Communications Manager to 1 20 Kb/s

Correct Answer: CD
Section: (none)
Explanation

Explanation/Reference:
Explanation: below link is very good to understand this concept.
Link-http://www.cisco.com/en/US/docs/ios/12_2/qos/configuration/guide/qcflem.html



QUESTION 9
Refer to the exhibit.

When calling 911, which gateway/route list is defined in the route pattern in Cisco Unified Communications
Manager and used to route matched digits to the PSTN?

Exhibit:

A. SEP002290BA361B
B. standardLocalRG
C. RouteListCdrc
D. LRG_RL
E. nodeld = 1
F. BRANCH

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation: logs clearly showing route list name



QUESTION 10
Which Cisco Unified Communications Manager troubleshooting tool can be used to look at detailed specific
events, such as dial plan digit analysis, as they die happening?

A. traceroutes
B. RTMT real-time trace
C. Cisco Unified Communications Manager alerts
D. Cisco Unified Dialed Number Analyzer
E. RTMT performance log viewer
F. syslog output

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 11
Refer to the exhibits.

MOH has been configured to run from flash at the BR1 site. The HQ phones and MOH server are placed in the
Default region through the Default device pool. The BR1 phones are placed in the BR1 region through the BR1
device pool. The region configuration between Default and BR1 only permits G.729 codec. When an IP phone
user at the HQ site places a BR1 caller on hold, the BR1 caller hears tone on hold. Which of the following can
cause this issue?

32 (exhibit):



33 (exhibit):



34 (exhibit):

35 (exhibit):



36 (exhibit):



37 (exhibit):



38 (exhibit):



39 (exhibit):



40 (exhibit):



41 (exhibit):



A. Multicast routing is not enabled on the BR1 router.
B. The command ip pim separate-dense-mode is missing from interface VLAN 120 at the SRST router in BR1
C. The MOH server is unable to stream MOH using G.711 codec because of the regions configuration.
D. The command route 10.1.120.1 must be added to the multicast moh 239.1.1.1 port 16384 command at the

SRST router in BR1
E. The Max Hops is too small in the MOH configuration

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation: The router runs IP Multicast routing and IP PIM sparse-dense mode on any physical interface
that must participate in multicast (PIM is in either sparse or dense mode, but the interface can be configured to



forward sparse mode, dense mode, or both).
Link- http://www.cisco.com/en/US/technologies/tk436/tk428/
technologies_white_paper0900aecd80131281_ns465_Networking_Solutions_White_Paper.html

QUESTION 12
An IP phone that is connected through a Cisco Catalyst 3750 Series Switch is failing to register with the
subscriber as a backup server. When the user presses the settings button on the phone, only the Cisco Unified
Communications Manager publisher shows as registered. What is the most likely cause for this issue?

A. The phone does not have the correct Cisco Unified Communications Manager group in the device
configuration page.

B. The Cisco Unified Communications Manager group that is applied through the device pool is misconfigured
C. The ip-helper address command for the subscriber is not configured on the switch port
D. The subscriber does not have the correct device pool configured
E. The enterprise phone configuration does not have the call control redundancy enabled.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation: Explanation-Yes if The Cisco Unified Communications Manager group that is applied through
the device pool is misconfigured then IP phone doesn’t recognized the subscriber IP address.
Link-http://www.cisco.com/en/US/docs/voice_ip_comm/cucm/admin/7_0_1/ccmcfg/b02devpl.html

QUESTION 13
Which step in the problem-solving model is important to accurately interview end users to get all the pertinent
details of the problem?

A. Implement Action Plan
B. Define the Problem
C. Consider the Possibilities
D. Create Action Plan
E. Gather Facts
F. Observe Results
G. Restart Problem-Solving Process
H. Problem Resolved

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
Explanation: http://www.cisco.com/en/US/docs/internetworking/troubleshooting/guide/tr1901.html Step 2
Gather the facts that you need to help isolate possible causes. Ask questions of affected users, network
administrators, managers, and other key people. Collect information from sources such as network
management systems, protocol analyzer traces, output from router diagnostic commands, or software release
notes.

QUESTION 14
Refer to the exhibit.



The exhibit shows the output of debug isdn q931. An inbound PSTN call was received by a SIP gateway that is
reachable via a SIP trunk that is configured in Cisco Unified Communications Manager. The call failed to ring
extension 3001. If the phone at extension 3001 is registered and reachable through the gateway inbound CSS,
which three actions can resolve this issue? (Choose three.)

A. Change the significant digits for inbound calls to 4 on the SIP trunk configuration in Cisco Unified
Communications Manager

B. Configure the digit strip 4 on the SIP trunk under Incoming Called Party Settings in Cisco Unified
Communications Manager

C. Configure a translation pattern in Cisco Unified Communications Manager that can be accessed by the
trunk CSS to truncate the called number to four digits

D. Configure a called-party transformation CSS on the gateway in Cisco Unified Communications Manager that
includes a pattern that transforms the number from ten digits tofour digits

E. Configure a voice translation profile in the SIP Cisco IOS gateway with a voice translation rule that truncates
the number from ten digits to four digits

F. Configure the Cisco IOS command num-exp 2288223001 3001 on the gateway ISDN interface.

Correct Answer: ACE
Section: (none)
Explanation

Explanation/Reference:

QUESTION 15
Which of these is used by the Cisco IP phone to relay to the switch the information regarding how much power
is needed?

A. the Cisco Discovery Protocol
B. IEEE 802.10 protocol
C. Cisco IP phones always use a fixed power consumption hased on the resistor, which is specific to the

model
D. The switch model determines how much power is consumed by the different phone models

Correct Answer: A
Section: (none)



Explanation

Explanation/Reference:
Explanation-if CDP is enabled on the switch, 15.4W is initially allocated, and then further refined when the
CDP message is received from the PD Link- http://www.cisco.com/en/US/products/hw/phones/ps379/
products_qanda_item09186a00808996f3. shtml

QUESTION 16
Refer to the exhibit

Assume a centralized Cisco Unified Communications Manager topology with the headquarters at RTP and
remote located at the U.K.  All route patterns are assigned a route list that contains a route group pointing to the
local gateway.  RTP route patterns use the RTP gateway, and U.K. route patterns use the U.K. gateway.

When a U.K. user logs into an RTP phone using the Cisco Extension Mobility feature and places an emergency
call to 0000, which statement about the emergency call is true?

A. The call will match the U.K_Emergency route pattern partition and will egress at the RTP gateway.
B. The call will match the U.K_Emergency route pattern partition and will egress at the U.K. gateway.
C. The call will match the RTP_Emergency route pattern partition and will egress at the RTP gateway
D. The call will match the RTP_Emergency route pattern partition and will egress at the U.K. gateway.
E. The call will fail

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:



QUESTION 17
Which issue would cause an MGCP gateway to fail to register with Cisco Unified Communications Manager?

A. missing the configuration command isdn bind-13 ccm-manager under the ISDN interface
B. mismatched domain name on the MGCP gateway and Cisco Unified Communications Manager gateway

configuration
C. misconfigured route group in Cisco Unified Communications Manager
D. incorrect MGCP IP address specified in the gateway configuration in Cisco Unified Communications

Manager

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation-
This problem is a domain name issue. If a domain name is configured on the MGCP gateway, the domain
name for the gateway configuration on Cisco CallManager must be the same.
Link- http://www.cisco.com/en/US/products/sw/voicesw/ps556/products_tech_note09186a00805a316c.s html

QUESTION 18
Refer to the exhibits.

The HG_MRG that is shown in the exhibit is assigned to an MRGL, which is configured at the HQ phones. 

A call exists between two HQ phones that use G.711 codec. When one of the HQ users attempts to conference
a BR phone across the WAN, the conference fails. The SDI trace shows an error "No transcoder device
configured."
Which statement indicates the correct resolution or reason for the issue?

42 (exhibit):



43 (exhibit):

44 (exhibit):

45 (exhibit):



46 (exhibit):



47 (exhibit):

A. The BR phone does not have access to the HO_Conf bridge
B. The BR phone does not have access to the CFB_2 bridge
C. The BR phone does not have access to a transcoder
D. The CFB_2 bridge should be removed from the HQ_MRG and assigned to an MRG that is not assigned to

an MRGL
E. The CFB_2 bridge should be listed last in the HO_MRG

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
Explanation:
In the group MRG_HQ are two conference system in the following sequence is entered:1. Software = CFB_22.
Hardware = HQ_ConfIt is as always the first group CFB_2 used. But as they only support G711 calls the call will
fail. Only the conference originator need access to the transcoderSee TVOICE V 2 6-71

QUESTION 19



Refer to the exhibits.

When a remote Cisco Unified Communications Manager learns the advertised patterns that are shown in the
exhibit, which patterns would be shown in the Cisco Unified Communications Manager RTMT tool?

A. 2XXX and the ToDiD will be 0:+498950555
B. 2XXX and the ToDiD will be 0+498953121
C. +4989505552XXX and the ToDiD will be 0:
D. +498953121 2XXX and the ToDiD will be 0:
E. Both +4989505552XXX and +4989531 21 2XXX will be advertised with ToDID of 0:

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 20
Refer to the exhibits.

When the IP phone 2001 places a call to 9011 49403021 56001, the call is sent to the Cisco Unified Border



Element as 40302156001 which is what the ITSP expects to receive. The ITSP support personnel claim that
they never saw the call. Issuing the debug CCSIP message command on the Cisco Unified Border Element
results in the message "SIP/2 0 404 Not Found".

Refer to the Cisco Unified Border Element configuration, debug voice dial and ccsip messages exhibits. Which
situation can cause this issued?

48 (exhibit):

49 (exhibit):



50 (exhibit):



51 (exhibit):



52 (exhibit):



53 (exhibit):



54 (exhibit):



55 (exhibit):



56 (exhibit):



57 (exhibit):



58 (exhibit):



59 (exhibit):



60 (exhibit):



61 (exhibit):



62 (exhibit):



63 (exhibit):



A. The Cisco Unified Bolder Element is configured as an MGCP gateway also so that the call is attempted via
the PSTN

B. The command allow-connections sip to h323 is missing
C. SIP error 404 means that a codec mismatch occurred Cisco Unified Communications Manager is sending

the call as an early offer with G.711 codec.
D. The Cisco Unified Communications Manager is rnisconfigured. The SIP invite should be sent to the ITSP at

10.1.2.1.2. The debug ccsip message shows the SIP invite being sent to 10.12.1.2.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation- As we can see in logs, the call is between two different signaling devices i.e. SIP and H.323
hence The command allow-connections sip to h323 is mandatory. Link-http://www.cisco.com/en/US/docs/ios/
voice/cube/configuration/guide/vb-gw-h323sip.html



QUESTION 21
Refer to the exhibit.

When an HQ caller places a call to extension 4001 the phone at BR2 rings. Alter the user at BR2 goes off hook,
the call is disconnected. Examine the debug voice ccapi coice inout command output. What caused this issue?

64 (exhibit):

65 (exhibit):



66 (exhibit):



67 (exhibit):



68 (exhibit):



69 (exhibit):



70 (exhibit):



71 (exhibit):



72 (exhibit):



73 (exhibit):



74 (exhibit):



A. The BR2 router does not have a matching inbound dial peer.
B. There is a codec mismatch between the source and destination. Codec negotiation failed
C. The BR2 router is sending the call to dial-peer 20003 which is a POTS dial-peer.
D. The destination phone is not registered.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation- Logs are clearly define the answer. Link- http://www.cisco.com/en/US/tech/tk1077/
technologies_tech_note09186a0080094045.shtml#codec negvalues



QUESTION 22
Refer to the exhibit.

An intercluster call was placed from extension 2001 to 3001. The SDI trace from the calling cluster. Which RTP
port was used by the calling phone?

75 (exhibit):

76 (exhibit):



77 (exhibit):



78 (exhibit):



79 (exhibit):



80 (exhibit):



81 (exhibit):



82 (exhibit):



83 (exhibit):



84 (exhibit):



85 (exhibit):



A. 4000
B. 8000
C. 18462
D. 19470
E. Not possible to tell because a second invite was sent because of call failure

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
Explanation- RTP port shows in the logs.

QUESTION 23
Refer to the exhibit.



When Alice, at extension 2001, places a call to Bob, at extension 3001, Alice hears her own voice reflected.
Which type of echo is this classified as?

A. talker echo
B. listener echo
C. tail circuit echo
D. front-end circuit echo

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 24
Refer to the topology exhibit.





When the Cisco Unified Communications Manager at the BR1 site loses connectivity to the SAF network, the
call to extension 3001 fails to reroute via the PSTN. Examine the SDI trace in the exhibit. What is the most
likely cause of the failure?

A. The full E.164 number for extension 3001 could not be constructed



B. The Cisco Unified Communications Manager at the HQ site was unable to determine the ToDlD number to
extension 3001.

C. The calling phone line CSS does not have access to the V route pattern.
D. CCD requesting service does not have the correct partition configured for CCD learned patterns
E. The AAR CSS for the HQ phone does not have access to the \\ route pattern.

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
Explanation- Logs states that AAR CSS for HQ phone doesn’t have the access to the route pattern.

QUESTION 25
Refer to the exhibit.

All directory number extensions are assigned to the Internal_LP partition. All phones are configured with only a
line CSS, BR1 Jntl.CSS. Assuming the gateway has been configured correctly. When the two PSTN callers
place a call to 02288223002, which of the following statements is true?

86 (exhibit):



87 (exhibit):



88 (exhibit):

89 (exhibit):



90 (exhibit):

A. The caller at 7700990255 will succeed. The caller at 2079460255 will fail 
B. The caller at 2079460255 will succeed. The caller at 7700990255 will fail 
C. Both calls will succeed.
D. Both calls will fail
E. Both calls will fail. However, the caller at 7700990255 can still reach 3001 because 7700990255 is the

Remote Destination of 3001

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation: Both calls will succeedThe CSS of Gateway Inbound Routing an Mobile Voice
Access ist Internal.css. The phones should thus be accessible for both.The remote
destination can use the Mobile Voice access. Matching Caller ID = Partial Match and the
Calling Number = msmith mobil number.

QUESTION 26
Refer to the exhibit.



Which course of action will resolve the Mobile Connect issues that are shown in the exhibit?

A. Configure the Mobility softkey on the phone.
B. Enable the user Cisco Mobile Connect
C. Make the user an owner of the phone device in phone device configuration page
D. Enable the device mobility mode on the phone since it is disable.

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
Explanation: Link-https://learningnetwork.cisco.com/docs/DOC-4140

QUESTION 27
Refer to the exhibits.



End-to-end RSVP with local RSVP fallback has been configured on the HO Cisco Unified Communications
Manager. RSVP between the locations that are assigned to the IP phones and SIP trunk at the HQ site is
configured as mandatory. When a call is placed from an HQ phone to a BR phone, the end-to-end RSVP
request fails.

Refer to the SDI trace. Which statement about the call is true?

A. The Cisco Unified Communications Manager at HO will fall back to local RSVP and place
the call No RSVP end-to-end will occur.

B. Only local RSVP will take place at both the HQ and BR Cisco Unified Communications
Managers.

C. The Cisco Unified Communications Manager at HO will use end to end RSVP. The BR
Cisco Unified Communications Manager will use local RSVP.

D. The call will fail.
E. The call will proceed as a normal call with no RSVP reservation.

Correct Answer: D
Section: (none)
Explanation



Explanation/Reference:
Explanation:
We think the call will fail, because RSVP on the SIP Trunk is mandatory.The CCM Trace show an unsuccessful
call setup with SIP Preconditions See TVOICE V II 6-152

QUESTION 28
Refer to the exhibit.

Which configuration is the correct Cisco IOS configuration that corresponds to the Cisco SAF Forwarder that is
shown in the exhibit?

A (exhibit):



B (exhibit):

C (exhibit):



D (exhibit):

A. Exhibit A
B. Exhibit B 
C. Exhibit C 
D. Exhibit D

Correct Answer: A
Section: (none)
Explanation



Explanation/Reference:

QUESTION 29
Cisco Unified Communications Manager failed to register with the Cisco SAF Forwarder. Assuming that the
Cisco IOS SAF Forwarder is configured correctly, which minimum configuration would be needed on Cisco
Unified Communications Manager to test registration?

A. SAF trunk, SAF security profile, Cisco SAF Forwarder, and CCD advertising service
B. SAF trunk, SAF security profile, Cisco SAF Forwarder, and CCD requesting service
C. SAF trunk, SAF security profile, Cisco SAF Forwarder, CCD requesting service, and CCD

advertising service
D. SAF trunk, SAF security profile, and Cisco SAF Forwarder
E. SAF trunk, CCD requesting service, and CCD advertising service

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 30
Which two types of Cisco Unified Communications Manager trace files contain Call Processing information that
is helpful for troubleshooting outbound and inbound calling issues?(Choose two)

A. Cisco Unified Communications Manager syslog trace
B. Cisco Unified Communications Manager Dialed Number Analyzer trace
C. Real Time Monitoring Tool Processes trace
D. Cisco Unified Communications Manager SDL trace 
E. Cisco Unified Communications Manager Log4Jtrace 
F. Cisco Unified Communications Manager SDI trace

Correct Answer: DF
Section: (none)
Explanation

Explanation/Reference:
Explanation-The Trace and Alarm tools work together. You configure trace and alarm settings for Cisco
Unified CallManager services. A Cisco TAC engineer receives the results. You can direct alarms to the
Microsoft Windows 2000 Event Viewer, CiscoWorks2000 Syslog,

system diagnostic interface (SDI) or signal distribution layer (SDL) trace log files, or to all destinations. You can
base traces for Cisco Unified CallManager services on debug levels, specific trace fields, and Cisco Unified
CallManager devices such as phones or gateways. You can perform a trace on the alarms that are sent to the
SDI or SDL trace log files.

Link-http://www.cisco.com/en/US/docs/voice_ip_comm/cucm/service/4_2_3/ccmsrva/satracea.html

QUESTION 31
Refer to the exhibit.



The exhibit shows the output of debug isdn q931. An inbound PSTN call was received by an H.323 gateway
that is configured in Cisco Unified Communications Manager. The call failed to ring extension 3001. If the
phone at extension 3001 is registered and reachable through the gateway inbound CSS, which four actions can
resolve this issue? (Choose four.)

A. Change the significant digits for inbound calls to 4 on the gateway configuration in Cisco Unified
Communications Manager.

B. Configure the digit strip 4 on H.323 gateway in the Incoming Called Party Settings in Cisco Unified
Communications Manager.

C. Configure a translation pattern in Cisco Unified Communications Manager that can be accessed by the
phone CSS to truncate the called number to four digits

D. Configure a called-party transformation CSS on the gateway in Cisco Unified Communications Manager that
includes a pattern that transforms the number from ten digits to four digits

E. Configure a voice translation profile in the H.323 Cisco IOS gateway with a voice translation rule that
truncates the number from ten digits to four.

F. Configure the Cisco IOS command num-exp 2288223001 3001 on the gateway ISDN interface.

Correct Answer: ABDE
Section: (none)
Explanation

Explanation/Reference:

QUESTION 32
Refer to the exhibit.



Assume a centralized Cisco Unified Communications Manager topology. From the output of the show policy-
map interface command, it can be seen that the voice traffic is experiencing drops. The router is configured for
low latency queuing and is located at the central site.  Which course of action would rectify this issue?

A. Configure a higher rate bandwidth codec on all voice calls
B. Configure Call Admission Control to limit the maximum calls that are sent to the priority queue.
C. Place the signaling traffic in the priority queue
D. split some of the excess voice traffic into other queues K avoid oversubscription of the priority queue.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation: Link-http://www.iphelp.ru/faq/27/ch07lev1sec3.html

QUESTION 33
Refer to the exhibit.



When a call is placed to extension 3001, the associated remote destination 907700990255 does not ring.
Which CSS is responsible for extending the call to the remote destination?

A. The Calling Search Space is responsible
B. The Rerouting Calling Search Space is responsible
C. The Calling Party Transformation CSS is responsible
D. The Calling Search Space and the Rerouting Calling Search Space are concatenated to determine where

the call should be extended

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 34
Refer to the exhibit.



Refer to the exhibit. All phones are placed in the Internal_Pt partition. The CSS for all phones contains the
partition Internal_Pt, and Vml.CSS contains the voice-mail hunt pilot. When a call is placed from extension
2001 to 2002, which statement is true?

A. Extension 2002 will ring.
B. The call will be blocked.
C. The call will be answered by voice mail.
D. Extension 2002 will ring, and if the call is not answered, the call will match the translation

pattern and then be blocked.
E. Extension 2002 will ring, and if the call is not answered, the call will match the translation

pattern and then be forwarded to voice mail

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 35
Refer to the exhibit.



The BR phones only support G.711 codec. When a call from HQ is placed to a BR phone, the call fails. The
network administrator would like to use a hardware  transcoder that is only reachable via the WAN from the HQ
and BR sites. How should the  transcoder region be configured?

A. Configure G.711 codec from HQ to Xcode and G.711 from BR to Xcode 
B. Configure G.729 codec from HQ to Xcode and G.729 from BR to Xcode 
C. Configure G.711 codec from HQ to Xcode and G.729 from BR to Xcode 
D. Configure G.729 codec from HQ to Xcode and G.711 from BR to Xcode

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation- Region configuration in diagram explains the statement D, G.729 codec from Hq and G.711 from
B

QUESTION 36
Which two statements indicate something that can cause an IP phone to fail roaming when device mobility has
been configured? (Choose two)

A. Device Mobility Mode is set to Off in the Cisco Unified Communications Manager service parameters while
the device mobility configuration on the phone is set to default.

B. No device mobility groups have been configured.
C. No locations have been configured and assigned to the device pools.
D. No physical locations have been configured and assigned to the device pools.
E. No device mobility-related information settings were configured under the device pools.

Correct Answer: AD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 37



Which tool allows the administrator to analyze call routing in Cisco Unified Communications Manager without
physically placing a call?

A. Cisco Unified Communications Manager Dialed Number Analyzer.
B. Cisco IOS Gateway debug commands.
C. Cisco Unified Communications Manager RTMT trace output.
D. base configuration information for this user that specifies Class of Restriction, Partition and Calling Search

Space information
E. Cisco Unified Communications Manager Serviceability tools
F. Cisco Unified Communications Manager OS Administration.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Explanation-Dialed Number Analyzer installs as a feature service along with Cisco Unified Communications
Manager. The tool allows you to test a Cisco Unified Communications Manager dial plan configuration prior to
deploying it. You can also use the tool to analyze dial plans after the dial plan is depl Link-http://www.cisco.com/
en/US/docs/voice_ip_comm/cucm/dna/6_1_1/dnai.html

QUESTION 38
Refer to the exhibits

Examining the SDI trace shows that extension 2001 was configured with both a device and a line CSS. A can is
placed to 00014087071222. Which statement about the call is true?

91 (exhibit):



92 (exhibit):



93 (exhibit):



94 (exhibit):



95 (exhibit):



96 (exhibit):



A. The call will be blocked because the blkJntLPt partition appears in the combined CSS.
B. The call will work because the PSTN     Pt partition appears before the blk_intl_Pt partition.
C. The call will work because the blk_intl_Pt partition appears last in the combined CSS.
D. The call will not work because the blk_intl_Pt partition appears first in the combined CSS.
E.  It is not possible to tell because furthertrace analysis is required

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
Explanation: Link- http://www.cisco.com/en/US/products/sw/voicesw/ps556/
products_tech_note09186a0080094b53. shtml

QUESTION 39
Refer to the exhibit.



When a Cisco Unified Communications Manager Express advertises the directory number pattern in the
exhibit, what would the learned pattern be in the RTMT tool on the Cisco Unified Communications Manager?

A. 4XXX and the ToDID will be 0:+1972555
B. 4XXX and the ToDID will be 0:+19725554XXX 
C. 4XXX and the ToDID will be 0:19725554XXX 
D. 4XXX and the ToDID will be 0:1972555
E. 19725554XXX and the ToDID will be 0:+1972555

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation: The answer is 4XXX and the ToDID will be 0:1972555.
Exhibit explain profile dn-block1 alias-prefix 1972555 and pattern 1 type extension 4xxx.

QUESTION 40
When a user attempts to log out from Cisco Extension Mobility service by pressing the services button and
selecting the Cisco Extension Mobility service, the user is not able to log out. What is causing this issue?

A. The Cisco Extension Mobility service has not been configured on the phone
B. The user device profile is not subscribed to the Cisco Extension Mobility service.
C. The CTI service is not running
D. The logout URL that is defined for the Cisco Extension Mobility service is incorrect or does not exist under

the IP Phone Services configuration.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Cisco CallManager Extension Mobility looks up the URL in the Cisco CallManager Directory on the first instance
only; the URL is then stored as a static variable.

Link-http://www.cisco.com/en/US/docs/voice_ip_comm/cucm/admin/4_0_1/ccmfeat/fsem.html#wp1105
592



QUESTION 41
Refer to the exhibit.

Refer to the exhibit. When a call between two HQ users was being conferenced with a remote user at the BR
site, the conference failed. Which configuration would be needed to solve the problem?

A. The BR_MRG must contain the transcoder device. The BR_MRGL must be assigned to the BR phones.
B. The HQ_MRG must contain the transcoder device. The HQ_MRGL must be assigned to the HQ phones.
C. A transcoder should be configured at the remote site and assigned to all remote phones through the

BR_MRGL.
D. The HQ_MRG must contain the transcoder device. The HQ_MRGL must be assigned to the software

conference bridge.
E. Enable the software conference bridge to support G.711 and G.729 codecs in Cisco Unified

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Link-http://www.cisco.com/en/US/products/sw/voicesw/ps556/products_tech_note09186a008020f198.s html

QUESTION 42
Refer to the exhibit.



An engineer is troubleshooting an outbound call and needs to see each step of the dial plan as it is being
parsed in the system. The engineer is not able to see all of the steps in the trace output. How can this problem
be resolved?

A. Change the SDL Trace Flush Immediately to True.
B. No change is needed; the steps are automatically shown in trace files.
C. Change the SDL TraceType Flag to 0x9000EC44
D. Change the SDL Trace Max File Size to a higher number because it is not large enough to display dial plan

steps.
E. Change the Digit Analysis Complexity toTranslation And Alternate Pattern Analysis.

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
Explanation-DIGIT ANALYSY COMPLEXITY
determines whether detailed digit analysis information is included in the trace output and Cisco DNA. If you
want to see translation pattern and alternative pattern match information, set this

parameter to TranslationAndAlternatePatternAnalysis. The default is StandardAnalysis, which does not show
pattern transformations.
To troubleshoot dial plan issues, change to Translational Pattern and Alternate Analysis. Setting this option
creates detailed digit analysis in CCM traces. http://www.iphelp.ru/faq/1/ch08lev1sec3.html

QUESTION 43
Refer to the exhibits.

The gateway CSS for inbound calls is configured using internal. CSS, which contains all the directory number
partitions for the phones. When a PSTN call that is destined for extension 2001 arrives at the MGCP gateway,
the call falls. Use the debug and configuration information in the exhibits to determine what might be causing
this issue?

97 (exhibit):



98 (exhibit):



99 (exhibit):



100 (exhibit):



101 (exhibit):



102 (exhibit):



103 (exhibit):



104 (exhibit):



105 (exhibit):



106 (exhibit):



107 (exhibit):



108 (exhibit):



109 (exhibit):



110 (exhibit):



A. The MGCP gateway L3 timers need to be increased.
B. The backhaul link is not open.
C. The gateway is using partial PRI, which is not supported in MGCP mode.
D. Incoming dial-peer configuration is needed.
E. The hostname for the gateway does not match the configuration in Cisco Unified Communications

Manager.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Explanation:On the picture „show ccm-manager“ you can recognize that the backhaul link is not open. You can
also see that the „isdn bind-l3 ccm-manager“ is missing on controller. That is the cause of issue. The answer
should therefore be "The MGCP gateway L3 timers need to be increased"?http://www.cisco.com/en/US/tech/
tk1077/technologies_configuration_example09186a00801ad22f.shtml--

QUESTION 44
Refer to the exhibit.



The output of the show call active voice command shows an ERL level of 25. Which statement about the ERL
is true?

A. The ERL level is the absolute sum of OutSignalLevel and InSignalLevel, which equals 30. The DSP has an
error margin of 5 dB.

B. ERL 25 shows how much echo cancellation has been performed by the echo canceller in the router.
C. The ERL value of 25 is not valid and hence should be ignored; however, the echo canceller is being

organized.
D. The correct ERL could not be calculated by the echo canceller. The signal is being reflected with 0 dB loss.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 45



Select and Place:



Correct Answer: 

Section: (none)
Explanation



Explanation/Reference:
Explanation- CUCM RTMT tools are basically used to get different traces, logs and monitoring where
serviceability is used for setting alarm to different levels and trace files.

QUESTION 46
Refer to the Exhibits.

Refer to the exhibits Assume that all learned SAF routes are placed in the SAF_Pt partition. An IP phone CSS
contains the following partitions in this order lnternal_Pt, 3AF_Pt When the IP phone places a call to 3001.
What will occur?

A. The call will succeed and will be placed via the SAF network SAF-learned routes always take precedence.
B. The call will fail because it will be blocked by the route pattern.
C. The call will be placed in a round-robin fashion between the SAF network and SIP_Trunk. 
D. The call will be placed in a round-robin fashion between the SAF network and SIP_Trunk. Every other call

will fail.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation: If partition is listed first in CSS, it has priority for equal qualified matches.If no single best match
exist, the call-routing entry with the partition that is listed first in thecalling-device CSS is used.See CIPT II V II
5-61 and TVOICE V I 3-20



QUESTION 47
Which two troubleshooting tools would initially be the best to use when troubleshooting the
PSTN gateway side of a call routing issue while using Cisco Unified Communications
Manager? (Choose two)

A. RTMT trace output
B. Cisco IOS debug commands
C. Dialed Number Analyzer output
D. Cisco Unified Communications Manager alerts
E. Cisco IOS show commands

Correct Answer: BE
Section: (none)
Explanation

Explanation/Reference:
Link- http://www.cisco.com/en/US/docs/voice_ip_comm/cucm/service/5_0_1/ccmsrva/sartmt.html http://
www.cisco.com/en/US/docs/voice_ip_comm/cucm/dna/5_0_4/dnai.html

QUESTION 48
Refer to the Exhibit.

Assuming that the two Cisco SAF Forwarders are adjacent to each other and that no SAF clients have been
configured, which statement is true?

A. The Cisco SAF Forwarders will not establish a neighbor relationship because the service-family external-
client configuration is missing

B. The Cisco SAF Forwarders will not establish a neighbor relationship because the eigrp label CUCME should
be replaced with SAF

C. The Cisco SAF Forwarders will not establish a neighbor relationship because the service-family external-
client configuration is missing as well as the static neighbor configurations

D. The Cisco SAF Forwarders will establish a neighbor relationship. No further configuration is required.
E. Cisco SAF Forwarders will not establish a neighbor relationship until the SAF clients are configured and

registered to the Cisco SAF Forwarders

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation: EIGRP label should match with these two routers otherwise SAF forwarded doesn’t establish
neighbor relationship. EIGRP process ID has only local significance. See CIPT II V2 5-35



QUESTION 49
Which three types of information are included in an alarm? (Choose three)

A. explanation of event and recommended action
B. application type, machine location, and cluster location 
C. an ordered list of locations to which an alarm was sent 
D. application name, machine name, and cluster name
E. user-defined text that can be custom-defined
F. the list of alarms and alarm levels for each location to which the alarm is sent

Correct Answer: ADE
Section: (none)
Explanation

Explanation/Reference:

QUESTION 50
The CLI utils dbreplication reset all was run on a Cisco Unified Communications Manager. However, replication
failed to restart. Which course of action should be taken to resolve this issue?

A. Restart the replication from the Cisco Unified Communications Manager RTMT tool.
B. Issue the CLI command utils dbreplication runtimestate
C. Issue the CLI command utils dbreplication reset
D. Issue the CLI command utils dbreplication clusterreset
E. Issue the CLI command utils dbreplication clusterreset all

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Database Replication Does Not Occur When Connectivity Is Restored on Lost Node
Symptom Database replication does not occur when connectivity is restored on lost node
recovery. You can verify the state of replication by using the methods given in the topic Replication Fails
Between the Publisher and the Subscriber. Only use the following procedure if you have already tried to reset
replication on the node, and have been unsuccessful.

Possible Cause: The CDR check remains stuck in a loop, due to a delete on device table. Recommended
Action 

Step1 Run utils dbreplication stop on the affected subscribers. You can run them all at once. 

Step2 Wait until Step1completes, then, run utils dbreplication stop on the affected publisher
server.

Step3 Run utils dbreplication clusterreset from the affected publisher server. When you run the command, the
log name gets listed in the log file. Watch this file to monitor the process status. The path to the follows:/var/
log/active/cm/trace/dbl/sdi

Step4 From the affected publisher, runutils dbreplication reset all.

Step5 Stop and restart all the services on all the subscriber servers [or restart/reboot all the systems(subscriber
servers)] in the cluster to get the service changes. Do this only afterutils dbreplication status shows Status 2.

Link-http://www.cisco.com/en/US/docs/voice_ip_comm/cucm/trouble/7_0_1/tbsystem.html



QUESTION 51
Refer to the exhibit.

The exhibit shows the output of a successful RSVP call setup that uses G.729 codec. What should the
minimum bandwidth configuration on interface serial 0/1/0.121 for the command ip rsvp bandwidth be?

A. 8 Kb/S 
B. 16 Kb/S 
C. 24 Kb/S 
D. 32 Kb/S 
E. 40 Kb/S

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
Explanation-The call setup message indicate that Per this link it should be
24Kb/sbut RSVP Reservation adds 16k on top (which is not used really and released after the booking), so 24
+16 = 40k http://fengnet.com/book/voip/ch08lev1sec2.html

QUESTION 52
What do you do next if after observing the result of your troubleshooting, the problem still exists?

A. Implement Acton Plan
B. Define the Problem
C. Consider the Possibilities
D. Create Action Plan
E. Gather Facts
F. Observe Results



G. Restart Problem-Solving
H. Process Problem Resolved

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
See CIPT I V 1 1-29. You will see that we continue to make in the process.

QUESTION 53



Refer to the exhibit. Which two pieces of information can you gather from the Cisco Unified Communications
Manager trace file shown in the exhibit? (Choose two)

A. The calling number is 2001
B. The call proceeded normally
C. The calling number is 911
D. The called number is 911
E. The called number is 2001
F. The call did not complete

Correct Answer: DF
Section: (none)
Explanation

Explanation/Reference:

QUESTION 54
Refer to the Exhibit



When a Cisco Unified Communications Manager Express advertises directory number pattern in the exhibit.
What would the learned pattern be in the RTMT tool on the Cisco Unified Communication Manager?

A. \+1408[2-9]XXXXXX and the ToDID will be 0:
B. 1408[2-9]XXXXXX and the ToDID will be 0:+1408[2-9]XXXXXX
C. \+1408[2-9]XXXXXX and the ToDID will be 0:+1408[2-9]XXXXXX
D. \+1408[2-9]XXXXXX and the ToDID will be empty
E. [2-9] XXXXXX and the ToDID will be 0:+1408[2-9]XXXXXX

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
The only way to advertise a pattern with + is to use the pattern tag type global command instead the pattern tag
type extension. In this case however, ToDID is always unset, regardless of the configured alias prefix at the
directory number block profile. See CIPT II V V 5-62The answer is:\+1408[2-9] XXXXXX and the ToDID will be
empty

QUESTION 55
Refer to the exhibit



HQ_MPQL is assigned to the HQ IP phones. BR_MRPGL is assigned to the BR IP phones. The remote site BR
IP phones only support G711 codec. When a call is placed from HQ phone, the call fails. Which statement
indicates how this issue is resolved?

A. Configure the Transcoder at the HQ site and assign it to HQ_MRG
B. Configure the Transcoder at the BR site and assign it to BR_MRG
C. The Transcoder should be assigned to its own MRG, which should then be assigned to the default device

pool at HQ.
D. A Transcoder is not needed. The HQ phones will automatically change over to G 711 codec.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
The phone in BR ony support G711. The region configuration only allow G729 for HQ to BR. So you need a
transcoder in BR.

QUESTION 56
Refer to the exhibit.



Which Cisco Unified Communications Manager trace file level should be selected when enabling traces to send
to Cisco TAC for analysis?

A. State Transition
B. Arbitrary
C. Significant
D. Error
E. Detailed
F. Special

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
Explanation- Cisco TAC always request for detailed traces.

QUESTION 57
Refer to the exhibit



Which statement is true about the Cisco SAF Forwarder configuration on a Cisco Unified Communications
Manager Express?

A. The Cisco Unified Communications Manager Express will not be able to register with the Cisco SAF
Forwarder because the service-family external-client configuration is missing.

B. The Cisco Unified Communications Manager Express will be able to register with the Cisco SAF Forwarder
C. The QSCC Unified Communications Manager Express will not be able to register with the Cisco SAF

Forwarder because the trunk configuration under voice service saf is missing
D. The Cisco Unified Communications Manager Express will not be able to register with the Cisco SAF

Forwarder because call control services not been configured
E. The Cisco Communications Manager Express will be able to register with the Cisco SAF Forwarder, but an

error message will be displayed regarding the missing trunk configuration

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation- configuration is ok hence CUCME will be able to register with SAF forwarder. Link- http://
www.cisco.com/en/US/docs/voice_ip_comm/cucme/feature/guide/SAF_FeatureModule.html#wp1235309

QUESTION 58
When the command utils dbreplication status is executed on the Cisco Unified Communications Manager CLI,
which step should be taken next to check the database replication status?

A. View the activelog file
B. Run the same command on all nodes of the cluster
C. Restart the Cisco CallManager service.
D. The command utils dbreplication runtimetstate must be run on the publisher.
E. The command utils dbreplication runtimestate must be run on the subscriber.

Correct Answer: A
Section: (none)
Explanation



Explanation/Reference:

QUESTION 59
Which QoS methodology combines strict priority queuing with class-based weighted fair
queuing?

A. IP RTP Priority
B. Multilink
C. IP Frame Relay RTP Priority
D. RSVP
E. LLQ

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
Explanation: Link- http://www.cisco.com/en/US/tech/tk543/tk544/tk399/tsd_technology_support_sub-
protocol_home.html

QUESTION 60
How does LLQ ensure that voice traffic is always expedited?

A. LLQ adds a strict priority class to CBWQF. The class allows delay-sensitive data such as voice to be
dequeued and sent first.

B. LLQ uses CBWFQ to prioritize voice traffic and dequeue the voice packets so that they can be handled first.
C. The strict priority queue has a higher weight than the queues in CBWFQ. This weight allows the delay

sensitive data such as voice to be dequeued and sent first.
D. The LLQ strict priority queue allows delay-sensitive data such as voice to be dequeued and sent first (before

packets in order queue are dequeued), giving delay sensitive data preferential treatment over other traffic.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation: Link-http://en.wikipedia.org/wiki/Low_Latency_Queuing

QUESTION 61



Select and Place:

Correct Answer: 



Section: (none)
Explanation

Explanation/Reference:

QUESTION 62
Which three Cisco IOS commands are required to configure a voice gateway as a DHCP server to support a
data subnet with the IP address of 101.30.0/24 default gateway of 10.1.30.1/24? (Choose three)

A. ip dhcp pool
B. subnet 10.1.30.1 255.255.255.0
C. ip dhcp pool data
D. network 10.1.30.1/24
E. network 10.1.30.0 255.255.255.0
F. default-gw 10.1.30.1.24
G. default-router 10.1.30.1

Correct Answer: CEG
Section: (none)
Explanation

Explanation/Reference:
Explanation- Per question, CGE are required commands to configure a voice gateway. Link- http://
www.cisco.com/en/US/docs/routers/access/vg202_vg204/
software/2_vg4_voip_ps2250_TSD_Products_Configuration_Guide_Chapter.html

QUESTION 63
Refer to the exhibit.



When 5551234 is being matched with the outgoing dial peer that is shown in the exhibit, which of the following
called numbers will be sent to the VoIP network?

A. 5551234
B. 1234
C. 555
D. Null
E. 5
F. 51234

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Explanation- no rules are applied in this dial peer hence calling number will not be changed and same number
will be sent to VoIP network.

QUESTION 64
When a Cisco Unified Border Element connects two VoIP streams using flow-around media, which of the
following options describe the components of the call that flow around and the components that flow through
the device?

A. All security information flows through the Cisco Unified Border Element, and all call signaling and RTP flows
around the device.

B. Call signaling flows through and call media flows around the device
C. Call media flows through and call signaling flows around the device.
D. The initial call-signaling traffic flows through the device to initiate the call and then all subsequent calls flow

around the device.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
Explanation: Configuring Media Flow-AroundThis feature adds media flow-around capability on the Cisco
Unified Border Element by supporting the processing of call setup and teardown requests (VoIP call signaling)
and for media streams (flow-through and flow-around). Media flow-

around can be configured the global level or it must be configured on both incoming and outgoing dial peers. If
configured only on either the incoming or outgoing dialpeer, the call will become a flow-through call.

Media flow-around is a good choice to improve scalability and performance when network-topology hiding and
bearer-level interworking features are not requiredWith the default configuration, the Cisco UBE receives media
packets from the inbound call leg, terminates them, and then reoriginates the media stream on an outbound
call leg.

Media flow-around enables media packets to be passed directly between the endpoints, without the intervention
of the Cisco UBE. The Cisco UBE continues to handle routing and billing functions.To specify media flow-
around for voice class, all VoIP calls, or individual dial peers, perform the steps in this section.References:

http://www.cisco.com/en/US/prod/collateral/voicesw/ps6790/gatecont/ps5640/
prod_qas09186a00801da69b.htmlhttp://www.cisco.com/en/US/docs/ios/voice/cube/configuration/g uide/vb-gw-
sipsip.html#wp1392896

QUESTION 65



Which codec complexity type will offer the greatest number of voice channels, provided that the complexity type
is compatible with the particular codecs that are in use?

A. low complexity
B. medium complexity
C. high complexity
D. flex complexity

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Explanation-a lower codec complexity to support the greatest number of voice channels, provided that the
lower complexity is compatible with the particular codecs in use. Link-http://www.cisco.com/en/US/docs/
ios/12_3t/voice/command/reference/vrht_c6_ps5207_TSD_Prod ucts_Command_Reference_Chapter.html

QUESTION 66
When a Cisco Unified Border Element is deployed to support RSVP-based CAC, which method is required?

A. RSVP-based CAC can be supported with either media flow-through or media flow-around if the Cisco
Unified Communication manager is configured as an RSVP agent B. RSVP-based CAC only supports
media flow-around

B. The Cisco Unified Border Element does not have to participate in the RSVP message exchange and will
pass RSVP message through unchanged using media flow-around.

C. RSVP-based CAC requires Cisco Unified Border Element to use media flow-through.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Explanation: Link- http://www.cisco.com/en/US/prod/collateral/voicesw/ps6789/ps7046/ps6832/
solution_overview_c22-521818.html

QUESTION 67
Which voice translation rule will expand extensions that are in the 3000-3999 range to a 10-digit number?

A. /^…\(… .$\)/^1/
B. /3…//4085553/
C. /^3…\(… .$\)//408555\1/
D. /^3…\(… .$\)//408555\
E. /^3…$//408555&/

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
Link-http://www.cisco.com/en/US/products/sw/voicesw/ps4625/products_tech_note09186a0080816cac. shtml

QUESTION 68
Which of the following describes SIP Early Offer?

A. In SIP Early Offer mode, the SDP media capabilities are sent in the INVITE message calling device.



B. Early Offer always uses session indicator 183
C. In SIP Early Offer mode, the SDP media capabilities are sent in the 200 OK messages of the calling device.
D. In SIP Early Offer mode, the INVITE and the 200 OK messages use non-SDP message format to indicate

SIP Early Offer

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Explanation: Link-http://www.cisco.com/en/US/docs/ios/voice/cube/configuration/guide/vb-gw- sipsip.html

QUESTION 69
Refer to the exhibit.

How does a switch port that receives marked traffic from a Cisco IP phone use the mls qos trust cos
command?

A. The CoS setting is modified according to the CoS-to-DSCP map.
B. CoS is used to select the ingress and egress queues.
C. For non-IP packets, the CoS is set to 7 and DSCP-to-CoS mapping is not applied.
D. The DSCP-to-CoS map is applied.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Explanation- mls qos trustcosdefines that cos setting is modified according to COS- DSCP map.

QUESTION 70
What are the three acceptable values for one-way delay, jitter, and packet loss in a VoIP network? (Choose
three)

A. 0-400 ms for delay
B. 1 packet loss
C. 20 ms for jitter
D. 0-150 ms for delay
E. 1 percent packet loss
F. 30 ms for jitter

Correct Answer: DEF
Section: (none)
Explanation



Explanation/Reference:
0-150 ms for delay1 percent packet loss30 ms for jitter See TVOICE V I 6-165

QUESTION 71
Which statement best describes dial peers in voice gateway?

A. Dial peers are call legs that are used to identity call source and destination endpoints and to define the
characteristics that are applied to each call leg in the call connection.

B. Dial peers are configured with call legs that are essential to implementing dial plans and providing voice
services over an IP packet network.

C. dial peer is a physical addressable endpoint in a voice gateway.
D. Dial peers create physical connections called call legs to complete an end-to-end call.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Link- http://www.cisco.com/en/US/tech/tk652/tk90/technologies_tech_note09186a008010ae1c.shtml

QUESTION 72
Which of the following best describe implementation challenges that are associated with variable- length
numbering plans?

A. the variable number of extensions that need to be implemented
B. the number of trunks that need to be assigned
C. the mapping between IP addresses and extension numbers
D. the identification of the number of digits that need to be dialed before the call is routed
E. the degree in which the dial plan varies.

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
Explanation- An open numbering plan, as found in countries that have not yet standardized on numbering
plans, features variance in the length of the area code or the local number, or both.
Link-http://www.ciscopress.com/articles/article.asp?p=1715059

QUESTION 73
At what step do you restart the troubleshooting process if after observing the result of your troubleshooting, the
problem still exists?

A. Implement Acton Plan
B. Define the Problem
C. Consider the Possibilities
D. Create Action Plan
E. Gather Facts
F. Observe Results
G. Restart Problem-Solving
H. Process Problem Resolved

Correct Answer: A
Section: (none)



Explanation

Explanation/Reference:
The diagram below from the Cisco TVOICE course, which we believe shows the correct answer to be “restart
the troubleshooting process after implementing an action plan and observing it has not solved the problem” this
also makes more sense than restarting the troubleshooting process after creating an action plan.

Note:
The following steps detail the problem-solving process outlined:

Step 1 When analyzing a network problem, make a clear problem statement. You should define the problem in
terms of a set of symptoms and potential causes.
To properly analyze the problem, identify the general symptoms and then ascertain what kinds of problems
(causes) could result in these symptoms. For example, hosts might not be responding to service requests from
clients (a symptom). Possible causes might include a misconfigured host, bad interface cards, or missing router
configuration commands.

Step 2 Gather the facts that you need to help isolate possible causes.
Ask questions of affected users, network administrators, managers, and other key people. Collectinformation
from sources such as network management systems, protocol analyzer traces, output from router
diagnosticcommands, or software release notes.

Step 3 Consider possible problems based on the facts that you gathered. Using the facts, you can eliminate
some of the potential problems from your list. Depending on the data, for example, you might be able to
eliminate hardware as a problem so that you can focus on software problems. At every opportunity, try to
narrow the number of potential problems so that you can create an efficient plan of action.

Step 4 Create an action plan based on the remaining potential problems. Begin with the most likely problem,



and devise a plan in which only one variable is manipulated.
Changing only one variable at a time enables you to reproduce a given solution to a specific problem. If you
alter more than one variable simultaneously, you might solve the problem, but identifying the specific change
that eliminated the symptom becomes far more difficult and will not help you solve the same problem if it occurs
in the future.

Step 5 Implement the action plan, performing each step carefully while testing to see whether the symptom
disappears.

Step 6 Whenever you change a variable, be sure to gather results. Generally, you should use the same method
of gathering facts that you used in Step 2 (that is, working with the key people affected, in conjunction with
utilizing your diagnostic tools).

Step 7 Analyze the results to determine whether the problem has been resolved. If it has, then the process is
complete.

Step 8 If the problem has not been resolved, you must create an action plan based on the next mostlikely
problem in your list. Return to Step 4, change one variable at a time, and repeat the process untilthe problem is
solved. http://www.cisco.com/en/US/docs/internetworking/troubleshooting/guide/tr1901.html#wp1020562

QUESTION 74
Refer to Exhibit.





Which Cisco Unified Communications Manager Real-Time Monitoring Tool component can be used to view
DHCP requests and responses from a Cisco Unified Communications Manager DHCP server?

A. Performance Log Viewer
B. Processor
C. System Summary
D. Job Status
E. SysLog Viewer
F. VLT

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:

QUESTION 75
Refer to Exhibits.



When the remote destination of IP phone 3001 places an inbound PSTN call to extension 3002, the caller ID
that is displayed on extension 3002 is 7700990255 of 3001. Which course of action can resolve this issue?

A. Change the remote destination number to 7700l in the configuration.
B. Change the service parameter matching Caller ID with remote Destination to Partial Match.
C. Change the service parameter Number of Digits for caller ID partial Match to 12.
D. Change the Privacy Setting from Default to Off.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 76
Refer to Exhibit.



Assume that all learned SAF routes are placed in the SAF_Pt partition. The 3XXXdirectory number pattern is
being advertised by a remote cluster and is also being blocked by the local cluster that is shown in the exhibit.
An IP Phone is attached to the local cluster and is configured with a CSS that contains the following partitions:
SAF_Pt and internal_Pt in this order. When the IP phone places a call to 3001, what will occur?

A. The call will succeed and will be placed via the SIP_Trunk.
B. The call will fail because it will be blocked by the CCO blocked Learned Route configuration.
C. The Call will be placed in a round-robin fashion between the SAF network and SIP_trunk.
D. The Call will be placed in a round -robin fashion between the SAF network and SIP network and SIP_Trunk

Every other call will fail.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 77
Refer to Exhibit.



When the user tried to configure the command maximum session 5 under the dspfarm profile 1, the error
shown in the exhibit was reported. Which course of action will resolve this issue?

A. The maximum conference-participants value must be configured > 0
B. Ensure that the conference bridge is not registered in Cisco Unified Communications Manager.
C. The Command dsp service dspfarm must be configured under the voice-card configuration.
D. Configure the dspfarm all command under the voice card.

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:



QUESTION 78
Refer to the Exhibit

The Exhibit shows the output of an unsuccessful RSVP call setup that uses G.711 codec. Which configuration
on serial 0/1/0.121 would resolve that issue?

A. ip rsvp bandwidth 40 40
B. ip rsvp bandwidth 40 24
C. ip rsvp bandwidth 96 80
D. ip rsvp bandwidth 96 96
E. ip rsvp bandwidth 80 16



Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 79
You have been presented with a trouble ticket from an end user who works at a remote location that is served
by a Cisco Unified Communications Manager Express. The user reports being unable to place calls to
international numbers, but all other calls work properly and other users at this location can place international
calls. Which two troubleshooting techniques would be helpful in resolving this issue? (Choose Two)

A. Cisco IOS debug tools
B. Class of Restriction baseline configuration for the user on Cisco Unified CommunicationsManager Express
C. show output of the ephone and ephone -dn configurations.
D. show output of the voice translation rules in the voice gateway
E. show output for the T1 controller and voice port configuration in the voice gateway

Correct Answer: AB
Section: (none)
Explanation

Explanation/Reference:

QUESTION 80
Which statement indicates something that can cause an inbound PSTN call to an H.323 gateway that is
configured in Cisco Unified Communications Manager to fail to ring an IP Phone?

A. The gateway is not registered in Cisco Unified Communications Manager
B. The gateway IP address that is configured in Cisco Unified Communications Manager does not match the

IP address that is configured at the gateway in the h323-gataway voip bind srcaddr command.
C. The Cisco Unified Communications Manager does not have a matching route pattern to match the called

number.
D. The gateway is missing the command allow-connections h323 to h323 under the voice service voip

configuration

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 81
Refer to the exhibit.



An IP phone that is connected through a Cisco Catalyst 3750 Series Switch is failing to register with Cisco
Unified Communications Manager. When the user presses the settings button on the phone, the Operational
VLAN ID shows a blank entry. What is the most likely cause for this issue?

A. The switch may not be supplying inline power.
B. The spanning tree portfast command needs to be removed.
C. The trunk encapsulation is missing. The trunk must be configured for dot1.Q
D. Cisco Discovery Protocol is disabled on the switch
E.  The Operational VLAN ID of the phone always shows as blank. The Admin VLAN ID should be 110

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 82
If after observing the results of your action plan, the problem still remains, at what point should you restart the
troubleshooting process?

A. Implement Action Plan
B. Define the Problem
C. Consider the Possibilities
D. Create Action Plan
E. Gather Facts
F. Observe Results
G. Problem Resolved
H. Document Facts

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 83
After a successful login using Cisco Extension Mobility, an IP phone performs a restart followed by a reset.
What can cause this issue?

A. The phone model to which the user logged in is a different model than the model that is configured in the
user device profile.



B. The locale that is configured on the phone is different than the locale that is configured in the user device
profile.

C. The security profile that is specified in the user device profile does not match the security profile for the
phone where the user logged in.

D. The user device profile and the phone that is used for the Cisco Extension Mobility log in do not use the
same phone protocol.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 84
Your Cisco Unified CallManager 5.0 cluster is using your corporate Windows 2003 Active Directory for user
information. Over the weekend you updated the Windows 2003 Active Directory Server and added a small
group of new users. Cisco Unified CallManager is configured to synchronize with the Active Directory server
every 8 hours and it has been 32 hours since the last successful synchronization. The configuration on Cisco
Unified CallManager did not change during the Active Directory server upgrade and the remainder of the
Windows network is functioning properly.

What are two possible causes of this synchronization issue? (Choose two.)

A. The synchronization on the AD server was set to manual
B. The domain controllers are down.
C. There is a username and or password mismatch between the Cisco Unified CallManager cluster and the

Windows AD server.
D. Authorization has not been configured for a third party LDAP service
E. The LMHOSTS file has been corrupted.

Correct Answer: BC
Section: (none)
Explanation

Explanation/Reference:

QUESTION 85
Refer to the exhibit. You have received a trouble ticket stating that users cannot place calls to the PSTN. During
testing you discover the gateway is not switching to the secondary call agent when the primary call agent is
unreachable.

What needs to be done to allow the MGCP gateway to use a different call agent if the primary fails?



A. The ccm-manager fallback-mgcp command needs to be added to the gateway.
B. The ccm-manager redundant-host command needs to be added to the gateway.
C. A Cisco Unified CallManager group that includes the secondary call agent needs to be assigned to the

gateway.
D. The gateway needs to be defined as a non-gatekeeper-controlled intercluster trunk with the secondary

Cisco Unified CallManager defined.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 86
You have received a trouble ticket stating that when callers dial the internal Help Desk queue at extension
2300, they hear a message that their calls cannot be completed as dialed. Which two issues could cause this
problem? (Choose two.)

A. There are no agents logged in to the Help Desk queue.
B. The script associated with the Help Desk queue is corrupt.
C. There is a connectivity issue between Cisco Unified CallManager and the Cisco Unified Contact Center

Express server.
D. The route point for 2300 has been modified or deleted in Cisco Unified CallManager, resulting in a

synchronization issue.
E. The CSS of the route point for 2300 is incorrect.

Correct Answer: CD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 87



Point and Shoot:



Correct Answer: 



Section: (none)
Explanation

Explanation/Reference:

QUESTION 88
When using trace output to troubleshoot a Cisco Unified CallManager 5.0 problem, how can you collect and
view the trace files?

A. Download the RTMT plug-in from the Cisco Unified CallManager Serviceability page to view the
preconfigured trace files.

B. Configure the proper trace settings on the Cisco Unified CallManager Serviceability page and then use the
embedded RTMT tool to view the trace files.

C. Configure the proper alarms and traces on the Cisco Unified CallManager Administration page and view the
output with the RTMT plug-in.

D. Configure the proper trace settings on the Cisco Unified CallManager Serviceability page and download the
RTMT plug-in from the CallManager Administration page to view the trace output.

Correct Answer: D



Section: (none)
Explanation

Explanation/Reference:

QUESTION 89

Point and Shoot:



Correct Answer: 



Section: (none)
Explanation

Explanation/Reference:

QUESTION 90
Which type of echo is found mostly on tail circuits and is due to reflection that causes the Tx signal to appear
on the Rx signal?

A. Hybrid echo 
B. Talker echo 
C. Listener echo
D. Tail-end echo

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:



IntroductionThis document describes how to troubleshoot and eliminate echo where possible inIP Telephony
networks with Cisco IOS® gateways.There are two sources of echo:* Hybrid echo* Acoustic echoHybrid echo is
caused by an impedance mismatch in the hybrid circuit, such as atwo-wire to four-wire interface. This mismatch
causes the Tx signal to appear onthe Rx signal.Acoustic echo is caused by poor acoustic isolation between the
earpiece and themicrophone in handsets and hands-free devices

QUESTION 91
Your Cisco Unified CallManager 5.0 cluster has just started to use a third-party LDAP service. Users complain
that they are unable to make changes to their passwords in their Cisco Unified CallManager user web pages.
How should you resolve this problem?

A. Restart the phones that are having problems to reinitialize the LDAP database
B. Have the users make changes to their passwords in the LDAP database.
C. Configure automatic synchronization of the LDAP database.
D. Change the passwords on the IP phone screen using the TUI

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 92
You have received a trouble ticket stating that an IP phone is not working. When asked, the user informs you
the phone is displaying the message "Registration rejected." Which two issues are possible causes of this
problem? (Choose two.)

A. The IP phone is not getting an IP address
B. The IP phone's primary Cisco Unified CallManager has a database replication issue.
C. The primary Cisco Unified CallManager is unavailable and the CallManager group assigned to the IP phone

does not include a secondary CallManager.
D. The IP phone has not been defined in Cisco Unified CallManager
E. The IP phone is not associated with a valid user profile.

Correct Answer: BD
Section: (none)
Explanation

Explanation/Reference:
 

 

http://www.gratisexam.com/ 

QUESTION 93



Point and Shoot:



Correct Answer: 



Section: (none)
Explanation

Explanation/Reference:

QUESTION 94
Refer to the exhibit. A site is using four-digit extensions for internal calling. The voice-mail pilot number is 8000.
Calls to extension 2001 hear the Cisco Unity opening greeting instead of the subscriber's greeting when
forwarded to Cisco Unity.

What is the probable cause?



A. The mailbox is configured with the E.164 number instead of the extension.
B. A call routing rule has been added that is preempting the Attempt Forward rule
C. Extension 2001 has not been defined in Cisco Unity
D. A greeting has not been recorded for mailbox 2001.
E. The Voice Mail Box Mask setting in Cisco Unified CallManager is set to 8000 instead of XXXX

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:

QUESTION 95
What happens if CDP is not enabled on a switch port to which an IP phone is connected?

A. The phone is unable to acquire an IP address.
B. The phone cannot get its VLAN ID assignments.
C. The phone cannot learn the address of the TFTP server.
D. The switch will put the port into the errDisable state until CDP is enabled.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 96
Refer to the exhibit. You have received a trouble ticket that users cannot place calls to the PSTN. During testing
you discover the gateway is not switching to the secondary call agent when the primary call agent is
unreachable.

What needs to be done to allow the MGCP gateway to use a different call agent if the primary fails?



A. The ccm-manager fallback-mgcp command needs to be added to the gateway.
B. The ccm-manager redundant-host command needs to be added to the gateway.
C. A Cisco Unified CallManager group that includes the secondary call agent needs to be assigned to the

gateway.
D. The gateway needs to be defined as a non-gatekeeper-controlled intercluster trunk with the secondary

Cisco Unified CallManager defined.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 97
LSC validation is failing on a new SCCP IP phone you have just added to the Cisco Unified CallManager 5.0
cluster. No other IP phones are experiencing any problems with LSC validation. What can you do to help
pinpoint the problem?

A. View the SDI trace output.
B. Check for security alarms.
C. Use the security configuration menu on the IP phone to verify that an LSC has been downloaded to the IP

phone.
D. Verify that the authentication string is correct in the Cisco Unified CallManager device configuration screen.

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
Explanation:



Troubleshooting If the Locally Significant Certificate Validation Fails
On the phone, the locally significant certificate validation may fail if the certificate is not the version that CAPF
issued, the certificate has expired, the CAPF certificate does not exist on all servers in the cluster, the CAPF
certificate does not exist in the CAPF directory, the phone is not registered to CiscoCallManager, and so on. If
the locally significant certificate validation fails, review the SDL
trace files and the CAPF trace files for errors.

You can verify that the locally significant certificate installed on the phone by choosingSettings > Model
Informationand viewing the LSC setting. The LSC setting displaysInstalledorNot Installed, depending on the
circumstances. Link:http://www.cisco.com/en/US/docs/voice_ip_comm/cucm/trouble/6_0_1/
tbsystem.html#wpmkr
1159616

QUESTION 98
Refer to the exhibit. Voice bearer traffic is mapped to which queue in FastEthernet0/2?

A. Queue 1
B. Queue 2
C. Queue 3
D. Queue 4

Correct Answer: B
Section: (none)



Explanation

Explanation/Reference:
To map CoS values to drop thresholds for a queue, use thewrr-queue cos-mapcommand. wrr-queue cos-
mapqueue-id[threshold-id][cos-1 ... cos-n
queue-id :Queue number; the valid values are from 1 to 2. threshold-idThreshold ID; valid values are from 1 to
2.
cos-1 ... cos-nCoS value; valid values are from 0 to 7

According with this command, le correct answer is Queue 2 http://www.cisco.com/en/US/docs/switches/lan/
catalyst6500/ios/12.1E/native/command/reference/ W1.pdf

QUESTION 99
Which log file contains call-processing information from services such as Cisco Unified CallManager and Cisco
Unified CallManager CTI Manager?

A. CTI trace
B. SDI trace
C. CDROnDemand
D. SDL trace

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 100
You have received a trouble ticket from a user who could not leave a message for John Doe at extension 2001.
The user stated that when the call was forwarded to voice-mail, the Cisco Unity opening greeting was played
instead of John Doe's greeting. Which three issues could cause this problem? (Choose three.)

A. The exchange server was down and Cisco Unity was operating in UMR mode.
B. A Cisco Unity call routing rule was added that prevented the Attempt Forward rule from being applied to the

call.
C. The voice-mail port used was configured only for Message Notification and MWI Outdial.
D. Extension 2001 was not configured with the correct voice-mail profile.
E. John Doe's mailbox does not have the correct extension configured in Cisco Unity.
F. A translation pattern modified the redirecting number.

Correct Answer: BDE
Section: (none)
Explanation

Explanation/Reference:

QUESTION 101
Partition A contains four route patterns. The calling search space assigned to Device B contains only Partition
A. When Device B dials 1136, which of the route patterns will be selected?

A. 1[14]XX
B. 11X!
C. 1[^2-8]XX



D. 1[1-4]XX

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 102
Which two methods can be used to correct database replication issues in a cluster running Cisco Unified
CallManager 4.1? (Choose two.)

A. Enter the utils dbreplication repair command at the command-line prompt.
B. Execute the dblhelper utility on the publisher
C. Use the SQL Server Enterprise Manager application to recreate the database subscription. 
D. Run the Cisco Unified CallManager BARS utility to restore the database to the subscriber. 
E. Use the Informix database utility to recreate the database subscription.

Correct Answer: BC
Section: (none)
Explanation

Explanation/Reference:

QUESTION 103
Your customer has implemented a multipoint control unit to allow conferencing between existing Cisco Unified
Video Advantage users. The multipoint control unit appears to be properly configured, but users are
complaining that when they conference they get audio but no video. What is the most likely cause?

A. The region configuration is selecting an incorrect codec.
B. The partition or CSS configuration configuration is preventing video setup.
C. The QoS policy is placing video packets in the default queue.
D. The MRGL configuration is selecting the incorrect conference resource.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 104
You are troubleshooting why a user cannot make calls to the PSTN. You are reviewing trace files and you have
found where the user's IP phone initiates the call but you never see the call go out the gateway. What is the
next step in troubleshooting this issue?

A. Look in the SDL trace file to see if there is a signal to another Cisco Unified CallManager node with the
same time-stamp.

B. Look in the SDL trace file to see if there is a signal to another Cisco Unified CallManager node with the
same TCP handle.

C. Look in the IP Voice Media Streaming App trace file to see if an MTP was invoked.
D. Look in the MGCP trace file to determine which MGCP gateway the call was sent to.



Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 105
You have two Cisco Unified CallManager clusters each using endpoint authentication. You have moved a small
group of users from Cluster 1 to Cluster 2 and now their phones are failing to register with Cluster 2. Each
phone displays the error message "failure to authenticate on the CTL file".

Which step should be taken to resolve this issue?

A. Restart the Cisco CTL Provider and the Cisco Certificate Authority Proxy Function.
B. Reset each IP phone so the correct CTL file can be downloaded.
C. Perform a factory reset on each IP phone so the correct CTL file can be downloaded.
D. Press the Settings button on each IP phone, select the Security Configuration menu, and reset the trust list.

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 106
Your company has recently installed a Cisco Unified CallManager cluster and a Cisco Unity voice mail platform.
You have received complaints from users that the red MWI light never comes on, even when there are new
voice-mail messages in the voice mailboxes. Which two steps must be taken to resolve this issue? (Choose
two.)

A. Verify, using the Port Usage tool, that the ports dedicated to MWI on/off are not over-utilized. Add another
dedicated port if the current port is over-utilized.

B. Verify that the MWI on/off numbers are unique within the Cisco Unified CallManager cluster dial plan. If they
are not, change the MWI on/off numbers in the Cisco Unified CallManager cluster so they are unique and
configure the Cisco Unity server so they match

C. Ensure that the number of ports licensed for the Cisco Unity server is greater than or equal to the number of
configured ports.

D. Verify that the calls are being sent to the correct ports on the Cisco Unity server. If they are being sent to the
incorrect ones by the Cisco Unified CallManager cluster, correct the values in the cluster.

E. Verify that the same numbers are being used for MWI on/off in both the Cisco Unified CallManager cluster
and Cisco Unity server. If they are different, change the Cisco Unity server to match the Cisco Unified
CallManager cluster.

Correct Answer: BE
Section: (none)
Explanation

Explanation/Reference:

QUESTION 107
You have developed a dial plan for a Cisco Unifed CallManager 5.0 solution. All the route patterns, partitions,
calling search spaces, and translation rules have been configured. Before starting up the system you wish to
test the dial plan for errors.



Which Cisco Unifed CallManager tool will simplify this testing?

A. Dial Plan Installer
B. RTMT Traces and Alarms
C. Route Plan Report
D. Dialed Number Analyzer

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 108
In order for a third-party SIP phone to register with a Cisco Unified CallManager cluster, which three
configuration parameters must match between the phone and the cluster? (Choose three.)

A. device pool
B. DN
C. username
D. password
E. MAC address
F. SIP profile

Correct Answer: BCE
Section: (none)
Explanation

Explanation/Reference:

QUESTION 109
You have configured an ISR at a branch office to register as an Enhanced IOS media resource providing
transcoding services. The transcoder has not been placed into a media resource group. Which statement best
describes which devices will be able to utilize this transcoder?

A. No devices will be able to utilize the transcoder until it is placed in a media resource group.
B. Only devices at the branch office will be able to utilize the transcoder.
C. Only devices configured to use G.729 will be able to utilize the transcoder.
D. Only devices that have not been assigned an MRGL will be able to utilize the transcoder.
E. All devices will be able to utilize the transcoder.

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:

QUESTION 110
You have configured the Enable Keep Alive check box under Trace Filter Settings. How does this change the
trace output?

A. It adds TCP socket numbers between the endpoint and Cisco Unified CallManager for the session.



B. It maps the unique TCP handle for the endpoint to the MAC address of the endpoint in the trace output.
C. It adds the IP address of the endpoint in hex.
D. It adds the SCCP messages and all fields sent as part of that message.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Enable Keep Alive Trace Activates trace for keepalive trace information in theCisco CallManager traces.
Because each SCCP device reports keepalive messagesevery 30 seconds, and each keepalive message
creates 3 lines of trace data.

QUESTION 111
You have just obtained a list of the following options:

- All Patterns
- Unassigned DN
- Call Park
- Conference
- Directory Number
- Translation Pattern
- Call Pickup Group
- Route Pattern
- Message Waiting
- Voice Mail
- Attendant Console

What have you selected in order to produce this list?

A. Control Center > Feature Services
B. Dialed Number Analyzer
C. Route Plan > Route Plan Report
D. Route Plan > External Route Plan Wizard

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
Route Plan Report
The route plan report lists all assigned and unassigned directory numbers (DN), call park numbers, call pickup
numbers, conference numbers, route patterns, translation patterns, message-waiting indicators, voice mail
ports, and Cisco CallManager Attendant Console pilot
numbers in the system. The route plan report allows you to view either a partial or full list and to go directly to
the associated configuration windows by clicking the Pattern/Directory Number,
Partition, or Route Detail fields.
In addition, the route plan report allows you to save report data into a .csv file that you can import into other
applications. The .csv file contains more detailed information than the web pages, including directory numbers
for phones, route patterns, pattern usage, device name, and device description.

Viewing Route Plan RecordsThis section describes how to view route plan records. Because you might have
several records in

yournetwork, Cisco CallManager Administration lets you locate specific route plan records on the basis of
specific criteria. Use the following procedure to generate customized route plan reports. 

Procedure



Step 1Choose Route Plan > Route Plan Report.
The Route Plan Report window displays. Use the three drop-down list boxes to specify a route plan report that
meets your requirements.
Step 2 From the first Find drop-down list box, choose one of the following criteria:

http://www.cisco.com/en/US/docs/voice_ip_comm/cucm/admin/4_1_3/ccmcfg/b03rtrep.html

QUESTION 112
Refer to the exhibit. You have received a trouble ticket that two engineers at the HQ site tried to conference at a
user location at the Branch site and the ad-hoc conference failed.

Further investigation reveals that the remote user can occasionally be conferenced in. Phones are configured to
use G.711 for intra-site calls and G.729 for inter-site calls. All phones at the remote site are configured to use
MRGL_Branch, which contains only the media resource group named BRANCH.

What should be done to correct this issue?

A. The software conference bridge CFB_2 should be removed from the Branch media resource group.
B. The hardware conference bridge CFB0012005FEEF1 should be listed first in the Branch media resource

group so it is utilized if it is available.
C. Additional hardware conference resources should be added.
D. The number of sessions allowed per conference should be increased.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:



The software conference bridge can support only G.711

QUESTION 113
You have added a subscriber server to your Cisco Unified CallManager 5.0 cluster. The server is functioning
properly, but regular updates from the publisher are failing. All other publisher- subscriber communications are
working properly in the cluster.

What is the problem?

A. the service isn't included in the current CTL client
B. the correct username and password are not being applied in the subscriber
C. the Cisco Unified CallManager Administrator username and password have been changed in the publisher
D. the CTL client wasn't signed with the security token when the service was included in it
E. the MIC for the service needs to be included in the CTL client

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 114
Refer to the exhibit. A user at BR1 is on a call to the PSTN through the PRI interface on the local H.323
gateway. The IP WAN has just failed and the call has been dropped.

What is causing the call to be dropped?

A. The H.323 gateway has lost the D channel on the PRI.
B. SRST hasn't been configured on the BR1 gateway.
C. The no h225 timeout keepalive command has not been configured on the gateway.
D. The IP phone hasn't registered with SRST.

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 115
You have received a trouble ticket stating that an executive with an account at a bank cannot retrieve account
information by phone. When the executive calls the bank, the call is answered and the executive is prompted to
enter the account code. However, the bank does not seem to recognize the DTMF tones and disconnects the
call.



What is a possible solution to this problem?

A. Configure the voice rtp send-recv command in the gateway.
B. Set the Cisco Unified CallManager service parameter ToSendH225UserInfoMsg to True. 
C. Configure the progress_ind setup enable 3 command under the gateway VoIP dial peer. 
D. Configure the progress_ind alert enable 8 command under the gateway POTS dial peer.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Using thevoice rtp send-recvCommand to Establish Early Two-Way Audio
The voice path is established in the backward direction as soon as the RTP stream is started. The forward
audio path is not cut through until the Cisco IOS gateway receives a connect message from the remote end. In
some cases it is necessary to establish a two-way audio path as soon as the RTP channel is opened, before
the connect message is received. To achieve this, use thevoice rtp send-recvglobal configuration command
you can have a situation where you only have a 1 way path to listen to announcements, it's usually used to fix 1-
way audio issues when

they're not supposed to happen intentionally Also helps on DTMF issues

QUESTION 116
The following is a partial configuration of an access layer switch:

mls qos map cos-dscp 0 8 12 16 28 32 40 48 

mls qos
!

Voice bearer traffic will be set to use which per-hop behavior?

A. EF
B. CS4
C. AF32
D. AF12
E. BE

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
The LAN CoS maps voice to 8 classes 0 through 7, example below:
cos: 0 1 2 3 4 5 6 7
you then map values to each of these classes for dscp, below is the default values (note that there is no EF
(46) equivalent):
cos: 0 1 2 3 4 5 6 7
-
dscp: 0 8 16 24 32 40 48 56
So the question has mapped the class "5" (the voice bearer class) to a value of32 "0 8 12 16 283240 48". This
will give it a per hop behavior of CS4/Prec 4

QUESTION 117



Point and Shoot:



Correct Answer: 



Section: (none)
Explanation

Explanation/Reference:

QUESTION 118
Refer to the exhibit. A user is on a call to the PSTN through the MGCP gateway at BR1. The gateway and the
IP phone lose the connection to the Cisco Unified CallManager cluster at HQ and the call is dropped. What is
causing the call to be dropped?



A. The CallManager cluster has lost control of the D channel on the PRI gateway at BR1.
B. SRST has not been configured on the BR1 gateway.
C. The IP phone has not registered with SRST
D. The no h225 timeout keepalive command has not been configured on the gateway.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 119
Which method can be used to correct database replication issues in a cluster running Cisco Unified
CallManager 5.0?

A. Enter the utils dbreplication repair command at the command-line prompt.
B. Execute the dblhelper utility on the publisher.
C. Use the SQL Server Enterprise Manager application to recreate the database subscription. 
D. Run the Cisco Unified CallManager BARS utility to restore the database to the subscriber. 
E. Use the Informix database utility to recreate the database subscription.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 120
You have received a trouble ticket stating that users in accounting are not able to use the CFwdAll softkey to
forward their calls to voice mail. Their phones continue to ring when they receive inbound calls, even after they
have pressed the CFwdAll softkey and the Messages button. 

What is a possible cause of this issue?

A. The users have not been enabled to use CTI.
B. The users have not been associated with their phones.
C. The voice-mail ports are not registered.
D. There is a database replication issue with the subscriber the phones are registered to.
E. The phones are not configured to use the standard phone template.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation/Reference:
Symptom: IP Phones will not be able to set Call Forward All (CFA) and phones that are already CFA will be
unable to clear the condition, even if the phone indicates that it is not forwarded. Further Problem Description:
Many times you will be able to tell when the problem first started by looking in the Application Event Viewer on
all nodes for an Error message from CallManager. This message should state that an SDL connection to one or
more nodes went OOS (out of service). Ideally the low level networking part of CallManager should alert all
other processes when the SDL link goes down. This will allow them to reestablish their connections when the
CallManager



process recovers or is restarted. In this case they are n ever notified that the service went down, so they do not
attempt to recover.

Conditions: After a stop or crash of the CallManager service on any node the connection between the
processes that monitor thedatabasefor changes and the CallManager processes on all nodes will fail to re-
establish. This results in the CFA changes being written to thedatabase(and can beseen in the CCMAdmin
web page) but the CallManager process on each node will not be notified that the change occured.

Workaround: Restarting theDatabaseLayer Monitor service on all nodes in the cluster should recover the
connection (this is not service impacting).
In extreme cases a restart of CallManager may be necessary as well, which will be service impacting. Note that
after the connection is restored the forwarding information internal to CM memory may be corrupted for phones
that were "stuck" forwarded during the outage. To fix this change the CallingSearchSpace for CFA under the
line that is "stuck". Update the line, then reset the devices. You can then change the CFA CSS back to its
original value and the phone should display the correct CFA information and calls should be routed
appropriately.

QUESTION 121
You have placed all DNs in the Phones partition. During testing you discover that you cannot place calls
between IP phones, but you can place calls to the PSTN and voice mail. What is one possible cause of this
issue?

A. A database replication issue is preventing calls between phones.
B. An access list is blocking RTP streams in your voice VLAN. 
C. An access list is blocking SCCP packets in your voice VLAN. 
D. The IP phones have not been assigned a CSS.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 122
You have received a trouble ticket stating that the MWI light is not coming on for a group of users. Further
investigation reveals that the affected users are connected to the same subscriber in the cluster. Users that are
connected to other subscribers in the same cluster are not experiencing this issue.

What is causing this problem?

A. The MWI numbers for this subscriber have been changed.
B. The Cisco Unity voice-mail services need to be restarted for the subscriber so all the users will receive

proper MWI message indication.
C. Database replication has an error or has failed.
D. The voice-mail ports assigned to the subscriber are down.

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:



QUESTION 123
How does the echo canceller interpret a signal when the ERL value is too low?

A. The echo canceller treats the signal as echo and applies the configured values.
B. The echo canceller considers the signal returning to the gateway as comfort noise generated during periods

of silence and does not act on it.
C. The echo canceller will apply the maximum echo-cancel coverage time to the signal to determine if this is

echo or voice.
D. The echo signal retuning to the gateway is too loud and the echo canceller interprets it as normal voice

instead of echo.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Insufficient echo return loss (ERL) to handle the echo might cause these problems:
Echo canceler does not cancel, but not enough to make echo inaudible. If the ERL value is too low, the total
echo return loss seen by the IP network (ACOM) might be insufficient to suppress the echo. ERL needs to be
approximately 20 dB (at least 15 dB)
Echo canceler does not cancel.If the ERL value is too low, the echo signal that returns to the gateway
might be too loud(within 6 dB of the talker signal). This causes the echo canceler to consider it as voice
(double-talk) instead of echo. As a consequence, the echo canceler does not cancel it. ERL needs to be
approximately 6 dB or higher for the echo canceler to engage. In Cisco IOS Software Release
12.2.13T, you can configure this ERL level. See theEcho Canceler Enhancements in Cisco IOS Software
Releases 12.2.11T and 12.2.13Tsection of this document. http://www.cisco.com/en/US/tech/tk652/tk698/
technologies_tech_note09186a0080149a1f.shtml

QUESTION 124

Select and Place:



Correct Answer: 

Section: (none)
Explanation

Explanation/Reference:
The router or gateway matches these items in this order:
1. Called number (DNIS) with theincoming called-numbercommand. First, the router or gateway attempts to
match the called number of the call setup request with the configuredincoming
called-numberof each dial peer. Because call setups always include DNISinformation, it is recommended to
use theincoming callednumbercommand for inbound dial peer matching
2. Calling Number (ANI)with theanswer-addresscommand If no match is found in step 1, the router orgateway
attempts to match the calling number of the call setup request with theanswer- addressof each dial peer. This
attribute can be useful in situations where you want to match calls based on the calling number (originating)
3. Calling Number(ANI) with the destination-patterncommand If no match is found in step 2, the router or
gateway attempts to match the calling number of the call setup request to the destination-patternof each dial



peer. For more information about this, see the first bullet in theDial Peer Additional Informationsection of this
document.
4.Originating Voice-port(associated with the incoming call setup request)with configured dial peer port
( applicable for inbound POTS call legs) If no match is found in the step 3, the router or gateway attempts to
match the configured dial peerportto the voice-port associated with the incoming call. If multiple dial peers have
the same port configured, the dial peer first added in the configuration is matched.
5. If no match is found in the first four steps, then thedefault dial peer 0 (pid:0)command is used. LINK:http://
www.cisco.com/en/US/tech/tk652/tk90/technologies_tech_note09186a008010fed1.sht ml

QUESTION 125
Three calls can successfully be made across a WAN link. When a fourth call is made, the quality of all four
calls degrades. Which QoS mechanism can help avoid this problem?

A. CAC
B. FRF.12
C. LFI
D. LLQ
E. priority queuing

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 126
Cisco CallManager 5.0 has just been deployed in two locations across a wide-area link. A distributed model
with an intercluster trunk has been used. When you call an IP phone at the remote site the phone rings, but as
soon as the other person picks up the phone, the call is dropped.

Where should you look to diagnose the problem?

A. locations
B. system parameters
C. media resource group
D. Cisco Unified CallManager group
E. Cisco Unified CallManager CTI traces

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 127
What are the two most common causes of echo? (Choose two.)

A. impedance mismatch at the two-wire to four-wire hybrid
B. misconfigured tail circuits
C. excessive packet loss
D. signal reflection
E. incorrect IP phone software loads



Correct Answer: AD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 128
Echo is always present to some extent in all voice networks. For echo to be a problem, which three conditions
must exist? (Choose three.)

A. analog leakage between analog Tx and Rx paths
B. sufficient echo amplitude to be perceived as annoying
C. sufficient power from the talker's side to cause listener echo
D. sufficient delay in echo return for echo to be perceived as annoying
E. an analog two-wire to four-wire hybrid operating below 600 ohm impedance

Correct Answer: ABD
Section: (none)
Explanation

Explanation/Reference:
Echo is perceived as annoying when all of these conditions are true: http://www.cisco.com/en/US/tech/tk652/tk698/
technologies_tech_note09186a0080149a1f.shtml

QUESTION 129
Refer to the exhibit. You have received a trouble ticket stating that calls to international numbers are failing. To
place an international call, users dial the access code "9," followed by "011," the country code, and the
destination number. After entering the debug isdn q931 command on the MGCP gateway, you have the user
attempt the call again.

Based on the debug output, what is the most likely cause of this problem?

A. Cisco Unified CallManager is not stripping the access code before sending the call to the gateway.
B. The gateway dial peer needs to prefix "011" to the called number so the PSTN knows this is an international

call.



C. The user's CSS does not permit international calls.
D. The TON is incorrect.
E. The circuit is not configured correctly or has a physical layer issue.

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
This question is to test the troubleshooting of the call failure via the debug information. According to the debug
information, the channel requested by the call is unavailable. There are two reasons:
1. The channels used by two endpoints are different;
2. Because of the configuration error, the connection cannot be established.
Cause No. 44 - requested circuit/channel not available [Q.850] This cause is returned
when the circuit or channel indicated by the requesting entitycannot be provided by the other side of the
interface.

QUESTION 130
You have received a trouble ticket from John Doe at extension 2001, which states that he cannot call a new
employee who has been assigned extension 2005. When John Doe attempts to call 2005 he hears a message
that his call cannot be completed as dialed. What is one possible cause of this issue?

A. The new employee's phone is not registered with Cisco Unified CallManager due to a physical cable or IP
connectivity issue.

B. John Doe's CSS does not contain the partition assigned to extension 2005.
C. Extension 2005 was not assigned a partition.
D. A Cisco Unity voice-mail box has not yet been created for the new employee.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 131
A company has migrated to a Cisco Unified CallManager IP Telephony system and is now replacing the
existing voice-mail system with a Cisco Unity voice-mail system. A small group of users has been established
to test the new voice mail system. The users were able to initialize their mailboxes and record greetings;
however, during testing the callers were sometimes unable to leave voice-mail messages for Cisco Unity users.

Which two issues could cause this problem? (Choose two.)

A. There is a mismatch in the number of ports configured in Cisco Unified CallManager and Cisco Unity.
B. There is a mismatch in the MWI on/off numbers configured in Cisco Unified CallManager and Cisco Unity.
C. The call transfer call handlers are not configured correctly.
D. Cisco Unity is in a G.729 region and has not been configured to support G.729.
E. The hunt group is hunting to Cisco Unity ports that have been dedicated for message notification.

Correct Answer: BE
Section: (none)
Explanation

Explanation/Reference:
http://www.cisco.com/en/US/products/sw/voicesw/ps2237/products_tech_note09186a0080711ae3.
shtml#topic1



QUESTION 132
Which Cisco Unity troubleshooting tool would be used to diagnose problems with skinny and MWI messages?

A. Cisco Unity Performance Information and Diagnostics
B. Unity Diagnostic Tool
C. Integration Monitor
D. SysCheck

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 133
Your company has a centralized IP Telephony system and branch offices in eight major cities. The manager of
your company help desk recently published local access numbers for external customers to reduce the costs
associated with your company's toll-free 800 service. However, when customers call the new local numbers
they hear a reorder tone instead of your centralized IVR.

What is the best solution to this issue?

A. Deploy transcoders at each remote location.
B. Deploy transcoders at the central location.
C. Deploy Cisco Unified IP IVRs at each remote location.
D. Increase the number of ports in the centralized IVR.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 134
Refer to the exhibit. You have received a trouble ticket stating that calls to local PSTN numbers are failing. To
place a call, Cisco Unified CallManager users dial the access code "9," followed by seven digits. After entering
the debug voice dialpeer command on the H.323 gateway, you have the user attempt the call again.



Based on the debug output, what is the most likely cause of this problem?

A. The call is not matching an inbound dial peer resulting in a codec mismatch.
B. Cisco Unified CallManager is stripping the access code, resulting in only seven digits being sent to the

gateway.
C. There is a physical layer issue with the circuit.
D. The gateway dial peer needs to prefix the access code to the called number.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 135
You have received a trouble ticket stating that users are no longer hearing a second dial tone after pressing 9
to initiate an external call. The trouble ticket states that the second dial tone is played only after several
additional digits are dialed. What is the mostly likely cause of this problem?

A. The Cisco Unified CallManager server is experiencing CPU spikes, causing a delay in playing the second
dial tone.

B. A route pattern beginning with the digit "9" has been added to the route plan without the Provide Outside
Dial Tone check box selected.



C. A route pattern beginning with the digit "9" has been added to the route plan with the Call Classification
parameter set to OnNet.

D. The first gateway in the route group is not available, causing a delay in playing the second dial tone while
Cisco Unified CallManager queries the second gateway.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 136

Point and Shoot:



Correct Answer: 



Section: (none)
Explanation

Explanation/Reference:

QUESTION 137
Which three capabilities cannot be configured if the default dial peer is matched? (Choose three.)

A. disable DID
B. invoke a Tcl application
C. enable dtmf-relay
D. disable VAD
E. set codec to G.711
F. set preference to 1

Correct Answer: BCD
Section: (none)
Explanation

Explanation/Reference:
Explanation/Reference:



The Default Dial-Peer 0 peer_tag=0, pid:0
If no incoming dial peer is matched by the router or gateway, the inbound call leg is automatically routed to a
default dial peer (POTS or Voice-Network). This default dial peer is referred to asdial- peer 0orpid:0.
Dial-peer 0(pid:0) has a default configuration that cannot be changed.
The defaultdial-peer 0fails to negotiate non-default capabilities, services, and applications such as: 
http://www.cisco.com/en/US/tech/tk652/tk90/technologies_tech_note09186a008010fed1.shtml

QUESTION 138
Refer to the exhibit. You have received a trouble ticket stating that calls to international numbers are failing. To
place an international call, users dial the access code "9," followed by "011," the country code, and the
destination number. After entering the debug isdn q931 command on the MGCP gateway, you have the user
attempt the call again.

Based on the debug output, what is the most likely cause of this problem?

A. Cisco Unified CallManager is not stripping the access code before sending the call to the gateway.
B. The gateway dial peer needs to prefix "011" to the called number so the PSTN knows this is an international

call.
C. The user's CSS does not permit international calls.
D. The TON is incorrect.
E. The circuit is not configured correctly or has a physical layer issue.

Correct Answer: C
Section: (none)
Explanation



Explanation/Reference:
Explanation/Reference:
Cause Code Origination Point
Look @ messageChanel ID i = 0x828381
The first byte (most significant) after0xindicates the point in the circuit path where the disconnect cause code
appears.

The last two hexadecimal digits (BEin the example) are optional. You do not commonly use these digits for
diagnostic purposes. However, you can sometimes use this byte to furnish additional information for the
Disconnect Cause Code. Thedebug isdn q931output can sometimes contain these digits. http://
www.cisco.com/en/US/tech/tk801/tk379/technologies_tech_note09186a008012e95f.shtml

QUESTION 139
Which of these is a correct definition of "Alert"?  Select the best response.

A. an event that provides the run-time status of a system, notifications when problems have occurred, and
sometimes problem resolution

B. an event that can be configured to send information to multiple destinations, each of which has its own alert
event level

C. an event, either a preconfigured or user-defined, that provides the current status and history of events in the
Cisco Unified CallManager cluster

D. an event that provides the current view and history of SDI/SDL messages, information from which is stored
by Cisco Unified CallManager in an SQL server database

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 140
Refer to the exhibit. What is the TCP handle of this device? Select the best response.



A. SEP0002FD3BAB01
B. 1.100.7.173
C. 1,60,87
D. 10.1.120.149
E. 87

Correct Answer: E
Section: (none)
Explanation

Explanation/Reference:
The Correct answer is 87    (the last number in the diagram).

Because the TCP handle represents a unique value that identifies a specific IP pone registered to this CM
Server.
With The TCP handle, you can follow every message sent and received from a particular IP phone. The TCP
handle of a device can also be found by looking up the IP phone’s MAC Address until you find a keep alive
message to that phone. Example:
05/23/2005 12:47:01.874 CCM|StationInit - InboundStim - KeepAliveMessage – Send KeepAlive to Device
Controller. DeviceName=SEP000F8F59D304,TCPHandle=000000004, IPAddr=192.168.1.128, Port=52952,
Device Controller=[1,92,1] <CLID::
StandAloneCluster><NID::192.168.1.140><CT::1,100,93,1.984><IP::192.168.1.128><DEV::SEP0
00F8F59D304>

QUESTION 141
Users are complaining that they hear echo when they place calls to the PSTN through the HQ_PSTN gateway.
The voice port configuration for the gateway is as follows:

voice-port 1/0:23 input gain -1
output attenuation 1

echo-cancel erl worst-case 3

Why are users hearing echo?

Select the best response.

A. The echo canceller is functioning properly and some echo is to be expected on every call.
B. The actual ERL is 2dB; however, the echo canceller still does not acknowledge the input signal as echo

because it is lower than the echo-cancel erl worst-case 3 command.
C. The echo canceller should be configured so that SIN and SOUT have a 2 dB difference in order to function

properly.
D. InSignalLevel needs to be adjusted so that it is within the range from -20 dB to -25 dB

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 142



Which method can be used to correct database replication issues in a cluster running Cisco Unified
CallManager 5.0? Select the best response.

A. Enter the utils dbreplication repair command at the command-line prompt.
B. Execute the dblhelper utility on the publisher.
C. Use the SQL Server Enterprise Manager application to recreate the database subscription. 
D. Run the Cisco Unified CallManager BARS utility to restore the database to the subscriber. 
E. Use the Informix database utility to recreate the database subscription.

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 143
As a network technician, you should know the VoIP network components well. Which one of the following
components can provide the CAC, bandwidth control and management, and address translation?

A. Gateway
B. Gatekeeper
C. MCU
D. Call agent

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 144
The following statements describe the icons' functions displayed in the exhibit.

The GK icon can be clicked to view the output of the show gatekeeper endpoint command. The CallManager
cluster can be clicked to see the trunk configuration screens.
The X of each popup can be clicked to return to the item.

In order to support three local zones West, East and EMEA, the 10.1.110.1 router is configured with a
gatekeeper. After issuing the show gatekeeper endpoints command, you find that the West zone device is lost.
Please choose the proper measure that should be taken to the configuration in the CallManager for it to register
with the gatekeeper of the zone West.



A. Restart the callmanger so it can register with the gatekeeper
B. Change the Device Name to be the IP address of the gatekeeper in the CallManager Trunk

Configuration page
C. Set the Terminal Type to terminal in the Gatekeeper Information field of the Trunk Configuration
D. Configure a zone name on the CallManager trunk

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 145
CRTP can compress some specific headers. What are they? (Select three.)

A. Data link
B. IP
C. TCP
D. UDP 
E. RTP
F. sRTP

Correct Answer: BDE
Section: (none)
Explanation

Explanation/Reference:

QUESTION 146



Which two of the following VoIP gateway platforms are considered to be ISRs? (Select two.)

A. Cisco 2600XM Series
B. Cisco 2800 Series
C. Cisco Catalyst 6500 Series
D. Cisco 3800 Series

Correct Answer: BD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 147
Which two of the following items are the gateway supplementary services? (Select two.)

A. Hold
B. DTMF relay
C. Transfer
D. Transcoding

Correct Answer: AC
Section: (none)
Explanation

Explanation/Reference:

QUESTION 148
Please choose the function of an H.323 gateway from the following items

A. Converts an alias address to an IP address
B. Responds to bandwidth requests and modifications
C. Transmits and receives G.711 PCM-encoded voice
D. Performs translation between audio, video, and data formats

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 149
As a network administrator, you should be familiar with various commands. Which command can be used to
enable a SIP user agent on a Cisco router?

A. sip-ua interface configuration mode subcommand 
B. sip-ua dial-peer configuration mode subcommand 
C. sip-ua global configuration mode command
D. No special command is required. SIP is on by default.

Correct Answer: C
Section: (none)



Explanation

Explanation/Reference:
The SIP UA does not require configuration to function, but you might want to make some adjustments. Enter
UA configuration mode by issuing thesip-uacommand. As with dial peers, the options vary by Cisco IOS and
device. Table 4-2 shows some common UA commands. http://www.ciscopress.com/articles/article.asp?
p=664148&seqNum=6

QUESTION 150
Please make the correct selection order for inbound POTS calls.

1. default dial peer

2. DNS with incoming called-number

3. ANI with destination pattern

4. originating voice port with configured dial peer port

5. ANI with answer address

A. 3 > 5 > 2 > 4 > 1
B. 1 > 3 > 5 > 4 > 2
C. 2 > 3 > 5 > 4 > 1
D. 2 > 5 > 3 > 4 > 1

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 151
Please choose four mandatory features of an H.323 gatekeeper from the following items.

A. Admission control 
B. Address resolution 
C. Bandwidth control 
D. Zone management

Correct Answer: ABCD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 152
As a network administrator, you should know the features of H.323 gatekeeper. Which H.323 gatekeeper
feature allows calls to be routed to a specific zone, regardless of the zone prefix in the address?

A. Technology prefix with hop-off
B. Default technology prefix
C. E.164 registration
D. Subnet scoping



Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 153
As a network administrator, you should be familiar with various commands. Which VoIP dial-peer configuration
mode command can be used to specify a technology prefix of 2#, indicating that when the dial peer is used as
an outgoing dial peer, a 2# will be prepended to the dial string sent to the gatekeeper?

A. technology-prefix 2#
B. h323-gateway voip tech-prefix 2#
C. gw-type-prefix 2#
D. tech-prefix 2#

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
Explanation: VoIP Dial-peerThis command prepends a technology prefix to the called number matched by the
dial-peer. It is not used for registration, but for call setup with the Cisco gatekeeper. For example, called
number 5551010 becomes 1#5551010.GWY-B1(config)#dial- peer voice 2 voipGWY-B1(config-dial-peer)
#tech-prefix ?WORD: A string.VoIP InterfaceThis command registers the Cisco gateway with the defined
technology prefix. The technology prefix registration information is sent to the Cisco gatekeeper in the RAS
Registration Request (RRQ) message. For example:GWY-B1(config)#interface ethernet 0/0GWY-B1(config-if)
#h323-gateway voip tech-prefix ?WORD: A technology prefix that the interface will registerwith the
Gatekeeper.http://www.cisco.com/en/US/tech/tk1077/technologies_tech_note09186a00800a8928. shtml

QUESTION 154
An H.323 gatekeeper maintains a separate gateway list, ordered by priority, for each of its zone prefixes.
Suppose that a gateway does not have an assigned priority for a zone prefix. Please choose the default priority
of this gateway.

A. 0
B. 5
C. 10
D. 32

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
The gatekeeper maintains a separate gateway list, ordered by priority, for each of its zone prefixes. If a gateway
does not have an assigned priority for a zone prefix, itdefaults to priority 5

, which is the median. To explicitly bar the use of a gateway for a zone prefix, the gateway must be defined as
having a priority 0 for that zone prefix. When selecting gateways, the gatekeeper identifies a target pool of
gateways by performing a longest zone prefix match; then it selects from

the target pool according to priorities and resource availability. If all high-priority gateways are busy, a low-
priority gateway might be selected. http://www.cisco.com/en/US/docs/ios/12_3/vvf_c/
cisco_ios_h323_configuration_guide/old_archive s_h323/5gkconf.html



QUESTION 155
How an H.323 gatekeeper can assume which bandwidth that will be required by a G.729 call?

A. 8 kbps 
B. 16 kbps 
C. 24 kbps 
D. 64 kbps

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 156
As a network administrator, you should be familiar with the bandwidth command. Which parameter of the
bandwidth command is used in gatekeeper configuration mode to specify the maximum amount of bandwidth
that can be allocated in a zone?

A. interzone
B. total
C. session
D. remote

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
To specify the maximum aggregate bandwidth for H.323 traffic and verify the available bandwidth of the
destination gatekeeper, use thebandwidthcommand in gatekeeper configuration mode. bandwidth{interzone|
total|session} {default|zonezone-name}bandwidth-size

QUESTION 157
Please choose the location of RAI configuration from the following options.

A. On a gatekeeper
B. On a gateway



C. On both a gatekeeper and a gateway
D. On a Cisco Unified Communications Manager server

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:
To allow gatekeepers to make intelligent call routing decisions, the gateway reports the status of its resource
availability to its gatekeeper. Resources that are monitored are DS0 channels and DSP channels.
The gateway reports its resource status to the gatekeeper with the use of RAS Resource Availability Indication
(RAI). When a monitored resource falls below a configurable threshold, the gateway sends an RAI to the
gatekeeper that indicates that the gateway is almost out of resources. When the available resources then cross
above another configurable threshold, the gateway sends an RAI that indicates that the resource depletion
condition no longer exists.
This feature was included in Cisco IOS Software Release 12.0(5)T on the Cisco AS5300 gateway, and Cisco
IOS Software Release 12.1(1)T for other gateways in H.323 version 2 http://www.cisco.com/en/US/tech/tk1077/
technologies_tech_note09186a0080093f67.shtml

QUESTION 158
You have been employed as a network technician in a middle-sized company. Suppose that the default dial
peer is matched. Please choose a capability that you must configure.

A. disable DID
B. invoke a Tcl application
C. enable dtmf-relay
D. disable VAD

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Dial-peer 0(pid:0) has a default configuration that cannot be changed. The defaultdial-peer 0fails to negotiate
non-default capabilities, services, and applications such 

QUESTION 159
Which four of the following options are Cisco-supported IP telephony deployment models?

A. Single site
B. Multisite with distributed call processing 
C. Multisite with centralized call processing 
D. Clustering over the IP WAN
E. Transcoding

Correct Answer: ABCD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 160
MGCP use which call control model?



A. Distributed
B. Centralized
C. Ad hoc
D. Hybrid

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 161
If you are required to configure a router to use MGCP on a digital port, which measure will you take?

A. Add the application mgcpapp subcommand to the dial peer
B. Add the service mgcp subcommand to the dial peer
C. Add the parameter application mgcpapp to the ds0-group controller subcommand.
D. Add the service mgcp parameter to the ds0-group controller subcommand

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 162
Look at the following exhibit carefully.

You can click the Voice Gateway for the BR2 location to see the output from the debug voice ccapi inout
command and click on 10.1.5.10 to view and search the trace file output. You can also enter
a string in the Search box and click the Find button to search the output. X can be clicked to back to the item.

As a network technician, you have recently configured a trunk between the Cisco Unified CallManager cluster at
10.1.5.10 and a CME at a 10.3.130.1. However, in the testing of this configuration, you discover that you cannot
complete any call when dialing from ext. 2020 to ext.4001 or from ext.4001 to ext.2020. Please choose the
most possible reason from the following statements.

A. A transaction rule has been applied that is keeping the call from being completed.
B. The CSS has been omitted from the trunk configured to BR2
C. An incorrect CSS has been applied to the gateway at HQ.
D. The trunk IP address in the Cisco Unified CallManager information field is incorrect.



Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 163
As a network technician, you should be familiar with various commands. Which command displays a count of
successful and unsuccessful control commands?

A. show mgcp calls
B. show mgcp statistics
C. show mgcp
D. debug mgcp statistics

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 164
In a SIP direct call setup, which message will be sent by the originating UAC to the UAS of the recipient?

A. INVITE
B. RINGING
C. ACK
D. OK

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 165
Which two of the following signaling protocols are peer-to-peer protocols? (Select two.)

A. H.323
B. MGCP
C. SIP
D. SCCP

Correct Answer: AC
Section: (none)
Explanation

Explanation/Reference:

QUESTION 166
Look at the following exhibit carefully.



You can click on the GK icon to view the output of the show gatekeeper endpoint command and click on each
voice gateway to view the interface configuration. X of each popup can be clicked to back to the item.

As a network technician, you are recently responsible for configuring a gatekeeper with three local zones called
East, West and EMEA. You have accomplished this task. In the East and EMEA zones, CallManager and the
gateways are all registered in the West Zone, however, each of them should be registered in their own zone. In
order to fix this issue, which measure should you take?

A. The gatekeeper needs to be stopped and restarted for the changes to take effect.
B. The IP address in the gateway command h323-gateway voip ID needs to be changed to that of the

individual gateways in both gateways.
C. The zone name in the gateway command h323-gateway voip ID needs to be changed to the correct zone in

both gateways.
D. The gatekeeper can only support one zone and all registering endpoints are being placed correctly in the

first configured zone.

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 167
Look at the following exhibit carefully.

You can click the Voice Gateway for the BR2 location to see the output from the debug voice ccapi inout
command and click on 10.1.5.10 to see and search the trace file output. You can also enter a string in the
Search box and click the Find button to search the output. X can be clicked to back to the item.

As a network technician, you have recently configured a trunk between the Cisco Unified CallManager cluster at
10.1.5.10 and a CME at a 10.3.130.1. In the testing of this configuration, you discover that you can complete
calls when dialing from ext.2020 to ext.4001, however, a fast busy can only be received when dialing from
ext.4001 to ext.2020.

Please choose the most possible reason of this issue from the following statements.



A. The h323-gateway voip bind srcaddr 10.3.130.1 command has been omitted from the BR2 configuration.
B. A transaction rule has been applied that is keeping the call from being completed.
C. A CSS has been omitted from the trunk configured to BR2.
D. An incorrect CSS has been applied to the gateway at HQ

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 168
In a Cisco UCM single-site deployment, please choose the maximum number of IP phones that can register
with a UCM cluster.

A. 2500
B. 7500
C. 10,000
D. 30,000

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 169
In a Cisco UCM multisite WAN with centralized call-processing deployment model, what redundancy feature
should be configured on remote site routers to supply basic IP telephony services in the event of a WAN
outage?

A. AAR
B. SRST
C. CAC
D. V3PN

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:



QUESTION 170
Look at the following options carefully. Which two tasks are performed by the RAS signaling function of
H.225.0? (Select two.)

A. Performs bandwidth changes.
B. Transports audio messages between endpoints.
C. Performs disengage procedures between endpoints and a gatekeeper.
D. Allows endpoints to create connections between call agents.

Correct Answer: AC
Section: (none)
Explanation

Explanation/Reference:

QUESTION 171
As a network administrator, you should be familiar with various commands. Which command can be used to
designate a source IP address for a voice gateway?

A. h323-gateway voip interface
B. h323-gateway voip h323-id
C. h323-gateway voip bind srcaddr
D. Voice service

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 172
Look at the following options. Which are SIP servers? (Select four.)

A. Registrar
B. Redirect 
C. Location
D. Proxy

Correct Answer: ABCD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 173
The knowledge about RAS message is very important. Which of the following RAS messages can be sent by
using either unicast or multicast?

A. RRQ 
B. ARQ



C. GRQ
D. RIP

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
Typically, RAS communications is carried out via UDP through port 1719 (unicast) and 1718 (multicast)

QUESTION 174
Given the following configuration, what IP address will GK1 use to send and receive RAS messages?

GK1 (config)#interface serial 0/0/0

GK1 (config-if)#ip address 192.168.0.2 255.255.255.0

GK1 (config-if)#exit

GK1 (config)#interface serial 0/0/1

GK1 (config-if)#ip address 172.16.0.2 255.255.255.0

GK1 (config-if)#exit

GK1 (config)#gatekeeper

GK1 (config-gk)#zone local SanJose cisco.com 172.16.0.2

GK1 (config-gk)#zone remote Austin cisco.com 192.168.0.1

GK1 (config-gk)#zone prefix SanJose 2... GK1 (config-gk)#zone prefix Austin 3...

A. 192.168.0.2
B. 172.16.0.2
C. 192.168.0.1
D. RAS messages will be load balanced between 192.168.0.2 and 172.16.0.2

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 175
You are a network technician working in the Network Company. Recently, users complain that they cannot call
the PSTN. With the help of testing, you find that the gateway is not switching to the secondary call agent when
the primary call agent is unreachable. In order to permit the MGCP gateway to take use of a different call agent
once the primary fails, which configuration should you make?

A. Add ccm-manager fallback-mgcp command to the gateway.
B. Add ccm-manager redundant-host command to the gateway
C. Assign a Cisco Unified CallManager group including the secondary call agent to the gateway 
D. Define gateway as a non-gatekeeper-controlled intercluster trunk with the secondary Cisco Unified

CallManager defined.



Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 176
Which RAS message does a gateway use to request admission to a network and to also request phone
number to IP address resolution?

A. ARQ
B. IRQ
C. LRQ
D. RRQ

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:
Admission messages between endpoints (like a gateway) and gatekeepers provide the basis for call
admissions and bandwidth control. Gatekeepers authorize access to H.323 networks with the confirmation of or
rejection of an admission request. This table defines the RAS admission messages

http://www.cisco.com/en/US/tech/tk1077/technologies_tech_note09186a00800c5e0d.shtml

QUESTION 177
As a network technician, you should be familiar with RTCP. Which of the following statements best describes a
function of RTCP?

A. RTCP provides encryption, message authentication and integrity, and anti-replay service for voice streams.
B. RTCP uses even-numbered UDP ports in the range 16,384??0?10?0?43??ì?0?1C32,767 to transport voice

payloads
C. RTCP provides out-of-band control information for an RTP flow
D. RTCP caches an RTP packet-Layer 3 and Layer 4 headers in the routers at each end of a link, resulting in

lower bandwidth demand for subsequent RTP packets.



Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 178
You are a voice technician. If you are required to solve latency issues in a VoIP network, which measures will
you take? (Select three.)

A. Use dejitter buffers
B. Increase bandwidth
C. Prioritize voice packets
D. Fragment data packets

Correct Answer: BCD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 179
Please choose two methods of LRQ forwarding from the following items. (Select two.)

A. LRQ init
B. LRQ blast
C. LRQ static
D. LRQ sequential

Correct Answer: BD
Section: (none)
Explanation

Explanation/Reference:

QUESTION 180
Look at the following exhibit carefully. You are a network technician working in a middle-sized company. Some
users complain that the call is always dropped as soon as it connects when they dial from BR1 to HQ through
the IP WAN. Please choose the most possible reason of this issue from the following statements.

A. H.245 capabilities exchange has failed due to insufficient bandwidth.



B. A codec mismatch has occurred and transcoders or additional transcoding resources need to be configured
at HQ.

C. Packet loss has kept H.225 setup messages from completing the call.
D. MTP resources need to be configured on the BR1 gateway.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 181
You are a network technician with many years' experience. Many users complain that they can hear echo when
their calls go out an H.323 gateway. You have made some testing for the gateway and have changed the
configuration. So the ERL level turns to be 6 dB. Furthermore, the echo-cancel coverage value is raised to 64
ms. Please choose the effect on the voice quality after this modification.

A. Consonants will be chopped by the echo canceller.
B. The increase in echo-cancel coverage will have no effect on voice quality.
C. The ends of sentences will be chopped by the echo canceller.
D. The echo canceller will take 2-3 seconds longer to converge at the beginning of the call.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:
echo-cancel coveragecommand Adjusts the coverage size of the echo canceller. This command enables
cancellation of voice that is sent out through the interface and received back on the same interface within the
configured amount of time. If thelocal loop(the distance from the interface to the connected equipment that is
producing the echo) is longer, the configured value of this command should be extended. If you configure a
longer value for this command, it takes the echo canceller longer to converge. In this case, the user might hear
a slight echo when the connection is initially set up. If the configured value for this command is too short, the
user might hear some echo for the duration of the call because the echo canceller is not canceling the longer-
delay echoes. There is no echo or echo cancellation on the network side (for example, the non-POTS side of
the connection).

QUESTION 182
Refer to the exhibit



When Alice at extension 2001 places a call to Bob at extension 3001, Bob hears Alice’s voice twice. What type
of echo is this classified as?

A. Talker echo.
B. Listener echo.
C. Tail circuit echo.
D. Front end circuit echo.

Correct Answer: B
Section: (none)
Explanation

Explanation/Reference:

QUESTION 183
Refer to the exhibit.



The exhibit shows the output of debug isdn q931. An inbound PSTN call was received by an MGCP gateway
that is registered with a Cisco Unified Communications Manager. The call failed to ring extension 3001. If the
phone at extension 3001 is registered and reachable through the gateway inbound CSS, which two actions can
resolve this issue? (Choose two.)

A. Change the significant digits for inbound calls to 4 in the gateway configuration in CiscoUnified
Communications Manager.

B. Configure the digit strip 4 on the MGCP gateway configuration in Cisco UnifiedCommunications Manager
under Incoming Called Party Settings

C. Configure a translation pattern in Cisco Unified Communications Manager that can beaccessed by the
gateway CSS to truncate the called number to four digits.

D. Configure a called-party transformation CSS on the gateway in Cisco UnifiedCommunications Manager that
includes a pattern that transforms the number from ten digits to four digits.

E. Configure a voice translation profile in the MGCP Cisco IOS gateway with a voice translation rule that
truncates the number from ten digits to four digits.

F. Configure the Cisco IOS command num-exp 2288223001 3001 on the gateway.

Correct Answer: AC
Section: (none)
Explanation

Explanation/Reference:

QUESTION 184
Which command should you use to resolve a jerky speed issue?

A. playout-delay
B. show voice port
C. comfort-noise
D. echo-cancel enable



E. echo-cancel coverage
F. comfort-echo

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 185
You are trying to access the GUI of Cisco Unified Communications Manager. However, it displays a "not
accessible" error. In Cisco Unified Serviceability, which two services should you check for and ensure are
running on the Control Center – Network Services page? (Choose two.)

A. Cisco Certificate Expiry Monitor
B. Cisco CallManager
C. Cisco Trust Verification Service
D. System Application Agent 
E. Cisco Tomcat Stats Servlet 
F. Cisco Tomcat

Correct Answer: BF
Section: (none)
Explanation

Explanation/Reference:

QUESTION 186
As a voice administrator, you have received reports on issues with call dropping and call failures over a period
of time. While troubleshooting, you find that there is a Code Yellow alert due to high CPU usage. You collect the
logs that are shown below from the CLI of Cisco Unified Communications Manager.

Nov5 05:12:15, cm01, Error, Cisco CallManager, ccm: 147897: Nov

05 05:12:15.268 UTC: %CCM_CALLMANAGER-CALLMANAGER-3-CodeYellowExit: CodeYellowExit
Expected Average Delay:0 Entry Latency:20 Exit Latency:8
Sample Size:10Time Spent in Code Yellow:2 Number of Calls Rejected Due to

Call Throttling:60 Total Code Yellow Exit:14 High Priority Queue Depth:0

Normal Priority Queue Depth:5 Low Priority Queue Depth:4 Cluster

ID:StandAloneCluster Node ID:cms01, 3653

From these logs, what does "Time Spent in Code Yellow" indicate?

A. A critical overload condition exists that may impact phone registration after 2 hours of this alert.
B. The server stayed in a Code Yellow state for 2 seconds.
C. The server stayed in a Code Yellow state for 2 milliseconds.
D. The server stayed in a Code Yellow state for 2 minutes.
E. The server needs a reboot within 2 hours.
F. There is a call failure and, as a result, one call is rejected every 2 milliseconds.



Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 187
A customer is trying to register an IP phone. During the registration process, the IP phone receives the
configuration file (.xml) from the TFTP server. Which input can you find in the configuration file that is
downloaded to the IP phone?

A. firmware to be loaded on IP phone
B. extension number
C. speed dials
D. valid locally significant certificate
E. location of the DHCP server
F. IP address of the IP phone

Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 188
Which port number is used as a backhaul for Media Gateway Control Protocol?

A. 2426
B. 2427
C. 2428
D. 2429
E. 2456
F. 2458

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 189
You are in the final stages of upgrading the Cisco Unified Communications Manager, and you are waiting for
dbreplication to complete. Which command should you execute from the Cisco Unified Communications
Manager publisher to verify status reports and to check that all the tables are synchronized?

A. utils dbreplication runtimestate
B. utils dbreplication status all
C. utils dbreplication status
D. utils service list
E. utils dbreplication quickaudit
F. utils core active



Correct Answer: A
Section: (none)
Explanation

Explanation/Reference:

QUESTION 190
In a Cisco Unified Communications Manager cluster, you make a few changes to the publisher server.
However, the phones that are registered with the subscriber server do not receive these changes. You verify
that the publisher and subscriber servers are up and running in the cluster.

What do you need to do to resolve this problem?

A. Reboot the publisher server.
B. Reboot the subscriber servers.
C. Manually reload the configuration on the phones.
D. Fix the replication between the publisher and subcriber servers.
E. Manually copy the database changes from the publisher to the subscriber.
F. Re-set up the database replication between the publisher and subscriber.

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 191
Refer to the exhibit.

When a Cisco Unified Communications Manager Express advertises the directory number pattern in the
exhibit, what would the learned pattern be in the RTMT tool on the Cisco Unified Communications Manager?



A. \+1408[2-9]XXXXXX and the ToDID will be 0:
B. 1408[2-9]XXXXXX and the ToDID will be 0:+1408[2-9]XXXXXX
C. \+1408[2-9]XXXXXX and the ToDID will be 0:+1408[2-9]XXXXXX
D. \+1408[2-9]XXXXXX and the ToDID will be empty
E. [2-9] XXXXXX and the ToDID will be 0:+1408[2-9]XXXXXX

Correct Answer: D
Section: (none)
Explanation

Explanation/Reference:

QUESTION 192
Which default switchover method is used by the SCCP client to connect to another Cisco Unified
Communications Manager after losing connectivity with the first Cisco Unified Communications Manager?

A. immediate
B. urgent
C. graceful
D. panic
E. recovery
F. static

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:

QUESTION 193
What are three requirements for Quality of Service for voice calls? (Choose three.)

A. jitter less than or equal to 30 ms
B. PoE-supported Layer 2 switches used to connect IP Phones
C. one-way latency less than or equal to 150 ms
D. jitter less than or equal to 45 ms
E. guaranteed bandwidth of 384 kbps for a voice call
F. loss less than or equal to 1 percent

Correct Answer: ACF
Section: (none)
Explanation

Explanation/Reference:

QUESTION 194
If you need to avoid choppy speech, what is the maximum tolerable round-trip delay between two VoIP
endpoints?

A. 100 ms 
B. 200 ms 



C. 300 ms 
D. 400 ms 
E. 500 ms
F. 800 ms

Correct Answer: C
Section: (none)
Explanation

Explanation/Reference:
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