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QUESTION 1:
Which two functions are provided by a DSP farm? Select two.

A. called ID

B. transcoding
C.E911

D. directory lookup

E. conference bridging
F. music on hold

Answer: B, E

Explanation:

The DSP farm uses the DSP resources in network modules on Cisco

routers to provide voice-conferencing, transcoding, and hardware MTP services.
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QUESTION 2:

DRAG DROP

As an instructor at Certkiller.com you are required to
click and drag the features to the supporting protocol.

H.323

1 Place here ‘

Call Preservation on CallManager Switchover

NFAS support

1 Place here ‘

Place here ‘

MGCP

1 Place here ‘

CallerlD on FXO Port

Fracti | PRI Support
it PP ‘ Place here ‘

’ QSIG Supplementary Services | ‘
‘ Cenlralized Dial Plan |

‘ Place here ‘

Answer:

Actualtests.com - The Power of Knowing




642-452

As an instructor at Certkiller.com you are required to
click and drag the features to the supporting protocol.

H.323

‘ NFAS support ‘

l Fractional PRI Support |

‘ CallerlD on FXO Port ‘

MGCP

‘ (@SIG Supplementary Services ‘

‘ Call preservation on CallManager Switchover ‘

‘ Centralized Dial Plan ‘

Explanation:

Why Choose H.323

* Integrated access

* Caller 1D support on analog FXO

* Many more TDM interface types and signaling

* Dropping DSPs on hairpinned calls

* Gateway-resident applications like TCL and VXML

* CAC network design with H.323 gatekeepers

* No release dependencies between gateways and Cisco CallManager

* Much easier migration architecture to SIP

* Call preservation for Cisco SRST

* NFAS support

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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Using MGCP as the call control protocol to a gateway has the following advantages:

* Centralized configuration, control and download from Cisco CallManager

* Better feature interaction with capabilities like caller ID and name display

* Easy, centralized dial-plan management

* Gateway voice security features (voice encryption) as of Cisco I0S Software Release
12.3.(5th)T

* Q Signaling (QSIG) supplementary services as supported by Cisco CallManager:

- Cisco CallManager interconnects to a QSIG network using an MGCP gateway and T1
or E1 PRI connections to a private integrated services network (PISN). The MGCP
gateway establishes the call connections. Using the PRI backhaul mechanism, the
gateway passes the QSIG messages to the Cisco CallManager to set up QSIG calls and
send QSIG messages to control features.

- When a PBX is connected to a gateway that is using QSIG via H.323, calls that are
made between phones on the PBX and IP phones attached to the Cisco CallManager can
have only basic PRI functionality. The gateway that terminates the QSIG protocol
provides only the calling line ID (CLID) and DID number, instead of Cisco CallManager
providing that information.

* Enhanced call survivability:

- Calls from IP phones through an MGCP gateway are preserved on a CallManager

Actualtests.com - The Power of Knowing




642-452

failover. This feature avoids dropped calls when applying the monthly operation system
service release on the Cisco CallManagers

- In SRST mode, calls from IP phones through an MGCP gateway are preserved on
MGCP fallback for calls on analog or CAS circuits. Calls on ISDN circuits are dropped
on fallback.

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 3:

DRAG DROP

As an instructor at Certkiller .com you are required to click and drag the recommended redundancy
method to each layer of the gatekeeper hierarchy. An item may be used more than once.

Directory
Gatekeeper
No Redundancy Place here
Y
HSRP N
N
AN
Alternate Gatekeeper AN
N
N
Place here %7%
Gatekeeper
Answer:
Directory
Gatekeeper |
No Redundancy ) Alternate Gatekeeper
B
HSRP N
N
\
Alternate Gatekeeper N
N
N

Alternate Gatekeeper
Gatekeeper

Explanation: Cisco recommends that you use gatekeeper clustering(that is Alternate Gatekeeper) to provide
gatekeeper redundancy whenever possible. Use HSRP for redundancy only if gatekeeper clustering is not
available in your software feature set.

In any layer of gatekeeper hierarchy, Alternate Gatekeeper method are recommended..

QUESTION 4:
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An NM-HDV?2 is being configured for transcoding. Which Cisco 10S command marks the beginning of
the transcoding parameters?

A. dsp services transcoding

B. associate application transcoding
C. dspfarm profile 10 transcoding
D. voice-card 2 transcoding

Answer: C

Explanation:

Configuring a DSP Farm on the NM-HDV2 or NM-HD-1V/2V/2VE

Step l:router#

Step 2:router#conf t

Step 3:router(config)#voice-card 2

Step 4:router(config-voicecard)#dsp services dspfarm

Step 5:router(config-voicecard)#exit

Step 6:router(config)#dspfarm profile 10 transcode

Step 7:router(config-dspfarm-profile)#description SAMPLE TRANSCODE
Step 8:router(config-dspfarm-profile)#code g729r8

Step 9:router(config-dspfarm-profile)#maximum sessions 6

Step 10:router(config-dspfarm-profile)#associate application sccp

Step 11:router(config-dspfarm-profile)#no shutdown

Step 12:router(config-dspfarm-profile)#exit

Step 13:router(config)#gateway

Step 14:router(config-gateway)#timer receive-rtp 1200

Step 15: end or return to step 6 to continue configuring DSP farm profiles
10S syntax for step 6 is: dspfarm profile profile-identifier {conference | mtp | transcode}
Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 5:

Network topology exhibit

PSTN

. /// IP WAN \\ y
BB PBX”__,

r@a&ﬁeﬁh@ \‘@_'—cmfkmerg;@
: Analog E&M  GWA GWE  Analog E&M ~—_

/_@ T70-555-1000 407-999 8000 g

You are working with Certkiller .com in the lab to test toll bypass. There are two small PBXs designated
PBX Certkiller A and PBX Certkiller B that have been connected back-to-back to simulate a tie-line from
the PSTN. The client would like to remove the tie-line and carry his voice traffic over the IP WAN.
Which four main parameters define how the connection will be configured between the gateway and the
PBX? Choose four.

A. WAN link speeds
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B. E&M type and wiring scheme

C. support for option 81 on the PBX
D. start dial supervision signaling

E. address signaling type

F. audio implementation

Answer: B, D, E, F

Explanation:

PBX configuration support: The following presents the key
information required to ensure that a Cisco voice gateway can be configured to
support calls from a legacy PBX:

- E&M signaling type (1, 11, 111, IV or V)

- Audio implementation (2-wire or 4-wire)

- Start dial supervision (wink-start, immediate or delay-dial)

- Dial method (dual tone multifrequency [DTMF] or pulse)

- Call progress tones (standardized within geographic regions)

- PBX port impedance

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 6:

Exhibit

1d20h: ISDN 5e3/0:15: outgoing call id = OxB3F4, dsl 0

1dzoh: IsSDON Se3/0:15: grocess —_pri_call{): call 1d 0x83F4, number 35293315, speed 0,
call type voIcE, redialed? f, csm call? f pdata? T

1d20h: callep typesplan overridden by call_decode

1d20h: did't copy oct3a reason: not CALLER_NUMBER_IE

ldzoh: bullding outgoling channel 1d for call nfas_int 1s © Jen 15 ©

1d20h: ISDN 5e3/0:150 TX <- INFOC sapi =0 tei =0 ns =16 nr =19 § =
0x080200890504038090A3180200890504038 90A310200890504038090A315

1d20h: SETUP pd = 8 callref = OxBOBO

1d20h: Bearer capabllltg i : oxBOES

1d20h: Channel 1D 1 B=A98381

1d20h: Prn?ress Ind 1 = OxBLE3 - origination address 1s non-ISCN

1d20h: calTed Party Number i = 0xB0, "35293315%', Plan:unknown, Type:Unknown

1d20h: ISDN 5e3/0:15: RX <- RAr sapi = 0 tei = 0 nr = 20 _
1d20h: ISDN Se3/0:15: Rx <— INFOC sapi =0 tei =0 ns =19 nr =20 1 =
0x0802B0895A08028286
RELEASE_COMP pd = 8 callref = OxBOB9
1d20h: Cause i = OxB286 - Channe] unacceptable
1d20h: ISDN S83/0:15: Tx —> RAr sapi = 0 tei = 0 nr_ =
1d20h: ISDN Se3/0:15: CCPRI_Releasecall(): bchan 1, call ﬁd 0x85F4, call type VOICE
1d20h: CCPRI_Releasechan released b_ds1 0 B_cChan 1
1d20h: ISDN Se3/0:15: LIF_EVENT: ces/callid 1/0x85F4 CALL_REJECTION
1d20h: ISDN Se3/0:15: LIF_EVENT: ces/callid 1/0x85F4 CALL_CLEARED
1dzoh: ISDN 5e3/0:15: recelved CALL_CLEARED call_’d OxB5Fa

Certkiller .com is integrating a Cisco CallManager system with the existing PBX via an E1 QSIG trunk.
After the initial configuration, no calls can be placed from IP phones to PBX phones.
How can this problem be resolved?

A. Add the command isdn contiguous-bchan to the serial interface.
B. change the channel selection order from descending to ascending.
C. Add the command isdn negotiate-bchan to the serial interface.

D. Increase the ISDN T302 timer to allow more time for call setup.
Answer: C

Explanation: By default, Cisco router will not accept a different B-channel. To enable the router to accept a
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B-channel that is different from the B-channel requested in the outgoing call setup message, use the isdn
negotiate-bchan interface configuration command.

QUESTION 7:
Which three functions can be performed by a gatekeeper? Select three.

A. voice QoS

B. admission control

C. zone management

D. address translation

E. voice media transport

F. conferencing for H.323 terminals

Answer: B, C, D

Explanation:

Mandatory Gatekeeper Functions

- Address Translation: A gatekeeper translates H.323 IDs and standard E.164 telephone
numbers to endpoint IP addresses.

- Admission Control: Controls endpoint admission into the H.323 network. To achieve
this, the gatekeeper uses H.225 Registration, Admission, and Status (RAS) messages and
Admission Request (ARQ), Admission Confirmation (ACF), and Admission Rejection
(ARJ) messages.

- Bandwidth Control: Gatekeepers use H.225 Bandwidth Request (BRQ), Bandwidth
Confirmation (BCF), and Bandwidth Rejection (BRJ) messages to manage endpoint
bandwidth requirements.

- Zone Management: The gatekeeper manages all registered endpoints in the zone.
Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 8:

Certkiller .com is having trouble managing its fully meshed gatekeepers. What can be done to ease this
administrative problem?

A. install an H.323 proxy server

B. implement a directory gatekeeper
C. group the gatekeepers into clusters
D. separate the gatekeepers into zones

Answer: B
Explanation: By using a directory gatekeeper, it is no longer necessary to have a full

mesh between gatekeepers, which is a major advantage. Directory gatekeepers
centralize the dial plan and also serve as a potential interface to other centralized
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applications. Without a directory gatekeeper, you would have to add an entry in
every gatekeeper on the network every time you add a new zone on one of the
gatekeepers. However, with a directory gatekeeper, you can add the new zone in the
local gatekeeper and the directory gatekeeper only. If the local gatekeeper cannot
resolve a call request locally, it forwards that request to the directory gatekeeper
with a matching zone prefix.

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 9:

The phone company is delivering circuits for a new VoIP deployment to connect to the PSTN. The
circuits will support four simultaneous calls and provide the name and number of the calling party.
Which interface type should be installed?

A. E&M
B. FXO

C. FXS

D. T1 CAS

Answer: B

Explanation:

The two circuit options that are available are analog and digital. The advantages and
shortcomings of individual analog and digital circuit options that can be deployed in
Cisco voice gateways are summarized in the following list:

* Subscriber loop: Subscriber loop is usually a low-cost solution and is used when
traditional phones connect directly to a voice gateway with a Foreign Exchange Station
(FXS) interface. The two types of interfaces that make up subscriber loop trunks are the
following:

- Foreign Exchange Office (FXO): Use FXO ports to connect to a central office (CO),
PBX, or key telephone system. You can configure loop-start or ground-start signaling
interfaces, depending on the model of voice interface card or network module selected.
- FXS: Use FXS ports to connect to any plain old telephone service (POTS) device such
as analog phones, fax machines, and legacy voice-mail systems.

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 10:

Certkiller .com is using a NH-HDV?2 for transcoding services within a Cisco CallManager environment.
Which command will instruct the voice gateway to register with a Cisco CallManager with IP address
10.172.15.4.

A. sccp ip-address 10.172.15.4 priority 1 version 4.0
B. sccp ccm 10.172.15.4 priority 1 version 4.0
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C. sccp register 10.172.15.4 priority 1 version 4.0
D. sccp server 10.172.15.4 priority 1 version 4.0

Answer: B

Explanation:

Perform this task to enable SCCP on the local interface that a DSP

farm uses to register with Cisco CallManager. This step is the same for either DSP
type.

Configuring a DSP Farm - Common Steps

Step 1: enable

Step 2: configure terminal

Step 3: sccp ccm {ip-address | dns} identifier identifier-number [port port-number]
[version version-number] or sccp ccm {ip-address | dns} priority priority priority [port
port-number] [version version-number]

Step 4: sccp local interface-type interface-number

Step 5: scep

Step 6: sccp ip predecence value

Step 7: exit

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0

pg 4-65 Implementing Advance Gateway Features

QUESTION 11:
Network topology exhibit
AJAX ITSP
Certkiller.com ITSP
Z1.AJAX
10153.144 f/ N\,
919 : vz, Cerikiller \"'.
= ‘“24..2"‘3 Z1. Certkiller t/'
¥ 10.24.10.44
GW1.AJAX -\ hﬂa‘““@ \
Ny - M-l
HS. Cenkllle:—hh‘—\“‘"«-w j
GwW1.Certkiller /
\ J
\"“--_...-J\ ";

Certkiller .com ITSP would like to be able to test an IP-to-1P gateway. Certkiller .com has set up two ITSPs
in the lab to simulate a real-world situation.
Which set of commands will configure the VZ. Certkiller gatekeeper correctly?

A. gatekeeper
I

zone local VZ Certkiller Certkiller 10.24.10.43

zone remote VZ Certkiller Certkiller 10.24.10.44 in Z1 Certkiller
zone remote Z1AJAX ajax 10.24.10.144 1079 in Z1 Certkiller
zone prefix Z1AJAX 919*

B. gatekeeper

1
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zone local Z1AJAX ajax 10.24.10.44

zone remote VZ Certkiller Certkiller 10.24.10.43 invia Z1AJAX
zone remote Z1AJAX ajax 10.16.8.144 1719 outvia Z1AJAX
zone prefix ZLAJAX 919*

C. gatekeeper

I

zone local Z1AJAX ajax 10.24.10.44

zone remote VZ Certkiller Certkiller 10.24.10.43 in Z1AJAX
zone remote Z1AJAX ajax 10.16.8.144 1719 out Z1AJAX
zone prefix Z1AJAX 919*

D. gatekeeper

I

zone local VZ Certkiller 10.24.10.43

zone remote Z1 Certkiller Certkiller 10.24.10.44 invia VZ Certkiller
zone remote Z1AJAX ajax 10.16.8.144 1719 outvia Z1 Certkiller
zone prefix ZLAJAX 919*

Answer: D

Explanation:

Cisco Multiservice IP-to-1P Gateway and Gatekeeper Design

- Via-zones are a new concept designed to assist in configuring an IP-to-1P gateway.

- IP-to-1P gateways register with the gatekeeper as an IP-to-1P gateway via-zones

The important thing to notice in the figure is that the gatekeeper called GK is configured
to point the IP-to-1P gateway to process voice calls. The gatekeeper points to the IP-to-IP
gateway via the commands invia and outvia. Also, note that the zone local specifies a
zone controlled by a gatekeeper, thus obviously the zone local is VZ Certkiller .
Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0

pg 6-25 Introducing Service Provider Offerings

QUESTION 12:

Exhibit

7 | 2
Certki Pg:;f_‘— Ll Certkillef2’

o

IP WAN

¢ 4@@/ / \\(:e\rtkil

You are working with the customer Certkiller .com who is using QSIG to create a PINX between the four
PBX locations. Certkiller 1, Certkiller 2, and Certkiller 4 have PRI connections to the PSTN, and Certkiller 3
as four BRI connections to the PSTN. Certkiller .com would like to start using the existing IP WAN to do
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toll bypass. The Certkiller 1 and Certkiller 4 locations use the same PBX manufacturer and Certkiller 2 uses
a different manufacturer. In testing this solution, the Certkiller 2 location can communicate with the

PSTN, but is not communicating with the local IP WAN gateway. The PBX in Certkiller 2 requires the

PRI to be DMS-100 user-side signaling and is using 16 channels.

Certkiller 2#show running-configuration

I

controller t1 1/0:23

pri-group timeslots 1-16, 24

I

interface serial 1/0:23

isdn switch-type basic-5ess

isdn contiguous-bchan

isdn protocol-emulate network

isdn incoming-voice voice

I

end

From the above router configuration, which three commands need to be edited to resolve this issue?
Select three.

A. The idsn contiguous-bchan command should be removed because it is only relevant to E1 interfaces.

B. The interface serial 1/0:23 command should actually be 1/0:16 because only 16 voice channels are being
used.

C. The isdn protocol-emulate network command needs to be changed to isdn protocol-emulate user.

D. The configuration is missing the line code and framing statements.

E. The switch-type command needs to be changed to basic-dms100.

Answer: A, D, E

Explanation:

test-router(config-controller)#pri-group timeslots 1-16

The 10S will automatically append the ,24 so the controller t1 will be displayed in the
start and running configuration as: pri-group timeslots 1-16,24

Note that after configuring the pri-group command, the D channel (interface serial
1/0:23) and the voice port (voice-port 1/0:23) are created automatically by the router.
Complete instructions for the configuration of the ISDN PRI voice-interface support can
be found at
http://www.cisco.com/univercd/cc/td/doc/product/software/ios123/123cgcr/vvfax_c/isdnv_c/isdn01.htm#wpl03
8
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QUESTION 13:
Which two features are benefits of using HSRP for gatekeeper redundancy? Select two.

A. The gatekeepers can load balance
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B. The HSRP priority can be adjusted.

C. End devices do not have to re-register after a primary gatekeeper failure.
D. The gatekeepers may be located across WAN links for spatial redundancy.
E. It uses a virtual IP address that is shared between the devices.

Answer: B, E

Explanation: Select one interface on each gatekeeper to serve as the HSRP interface
and configure these two interfaces so that they belong to the same HSRP group but
have different priorities. The one with the higher priority will be the active
gatekeeper; the other assumes the standby role. Make a note of the virtual HSRP IP
address shared by both of these interfaces. (For details on HSRP and HSRP
configuration, refer to the Cisco 10S IP Configuration Guide.) If the primary
gatekeeper fails in an HSRP redundancy model, the failure is transparent to the
endpoint because the endpoints are pointing to the virtual HSRP router.
http://www.cisco.com/en/US/customer/products/sw/iosswrel/ps1835/products_configuration_guide_chapter091
8
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QUESTION 14:

Which configuration would be used to support a company whose DID ranges come
out of multiple area codes served by the same PSAP?

A. voice-port 0/0

ani mapping 0 408
ani mapping 1 510
ani mapping 2 650
ani mapping 3 415
signal cama KP-2-ST
B. voice-port 0/0

ani mapping 0 408
ani mapping 1 510
ani mapping 2 650
ani mapping 3 415
signal cama KP-NPD-NXX.-XXXX-ST
C. translation-rule 1
rule 17408 0

rule 27510 0

rule 37650 0

rule 474150
voice-port 0/0

signal cama KP-NPD-NXX.-XXXX-ST
translate calling 1

D. translation-rule 1
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rule 104080
rule215100

rule 326500

rule4 34150
voice-port 0/0

signal cama KP-2-ST
translate calling 1

Answer: B

Explanation:

Router(config-voiceport)# ani mapping NPD-value NPA-number

Use this command to build the table that translates the Numbering Plan Area (NPA), or
area code, into a single MF digit. The number of Numbering Plan Digits (NPDs) that are
programmed is determined by local policy and by the number of NPAs or area codes that
the PSAP servers. The NPD value range is 0 to 3. The NPA number range is 100 to 999.
To disable ANI mapping, use the no form of this command.

Of the four CAMA signaling options for transmitting the calling number, the
KP-NPD-NXX-XXXX-ST is the option used for an 8-digit ANI transmission in which
the NPD is a single MF digit that is expanded into the NP

A. The NPD table is

preprogrammed by configuring ANI mapping in the sending and receiving equipment (on
each end of the MF trunk);for example 0=408, 1=510, 2=650, 3=415

- NPD values range from 0 to 3. Examples of telephone numbers in this signaling option
are:

* 05550123 = (408)555-0123

* 25550199 = (650)555-0199

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 15:

Exhibit

4 | w
Gertkiller |~ "L Certkiflef2

& e

\

'IP WAN

ﬁm@

You are working with the customer Certkiller .com who is using QSIG to create a PINX between the four
PBX locations. Certkiller 1, Certkiller 2, and Certkiller 4 have PRI connections to the PSTN, and Certkiller 3
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a 256-kbps connection to the PSTN. Certkiller .com would like to start using the existing IP WAN to do
toll bypass. The Certkiller 1 and Certkiller locations use the same PBX manufacturer and Certkiller 2 uses a
different manufacturer. The PBX in Certkiller 2 is configured for DMS-100 user-side signaling and is

using 16 channels. The PRI is using ESF and B8ZS. Certkiller .com needs some help with configuring this
gateway.

Which set of commands will make this operate correctly?

A. controller t1 1/0
pri-group timeslots 1-16, 24
I

interface serial 1/0:23

isdn switch-type basic-5ess
isdn continuous-bchan

isdn protocol-emulate network
no shut

B. controller t1 1/0

pri-group timeslots 1-16, 24
framing esf

linecode b8zs

I

interface serial 1/0:16

isdn switch-type basic-dms100
isdn protocol-emulate user

no shut

C. controller t1 1/0

pri-group timeslots 1-23, 24
framing esf

linecode hdb3

I

interface serial 1/0:23

isdn switch-type basic-net3
isdn protocol-emulate network
D. controller t1 1/0

pri-group timeslots 1-16, 24
framing esf

linecode b8zs

I

interface serial 1/0:23

isdn switch-type basic-gsig
isdn protocol.-emulate network
no shut

E. controller t1 1/0

pri-group timeslots 1-16, 24
framing esf

linecode b8zs
|
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interface serial 1/0:23

isdn switch-type basic-dms100
isdn protocol.-emulate network
no shut

Answer: E

Explanation:

While in controller configuration mode, configure framing, linecode

and timeslots.

test-router(config-controller)#pri-group timeslots 1-16

This command shown above will automatically append the ,24 so the controller t1 will be
displayed in the start and running configuration as: pri-group timeslots 1-16,24

After configuring the pri-group command, the D channel (interface serial 1/0:23) and the
voice port (voice-port 1/0:23) are created automatically by the router.

Complete instructions for the configuration of the ISDN PRI voice-interface support can
be found at
http://www.cisco.com/univercd/cc/td/doc/product/software/ios123/123cgcr/vvfax_c/isdnv_c/isdn01.htm#wpl103
8
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QUESTION 16:

Exhibit, Network Topology

PSTN
Gateway

f 192.168.101.254

Phone-A
x1374

Exhibit #2
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dial-peer cor custom
name Emergency
name Local
name LD
member Incl

dial-peer cor list Locallsc
WEMKEr EmSrgency

dial-peer cor lisc LocalOl
member Local

dial-peer cor list LIO1
member LD

dial-peer cor list Tucl0d
member Intcl

dial-peer cor lisc Locallsc

merber Emergency
member Local

dial-peer cor list Incllst
menber Fmergency
member Local
member LD
dial-peer cor list Intllstc
menber Fmergency
member Local
member LD
member Intl
dial-peer woice 1374 pots
corlist incoming Locallsc
destination-pattern 1374
part 1/0/0
dial-peer voice 911 voip
corlist outgoing EmD1
destination-pattern 911
sSession target ipwv4:192.168.101.254
dial-peer voice 7 voip
gorlist outgoing LocalOl
destination-pattern 9[2-9] ..., ..
session target ipv4:192.168.101.254

Certkiller .com has assigned extensions based on the dialing restrictions. All users in the range of 1000 to
1999 are to be set up so that they can dial only emergency and local calls via the PSTN. Given the
configuration of Certkiller 1, which types of calls can Phone-A actually make via the PSTN?

A. None

B. emergency calls only

C. emergency calls and local calls only

D. emergency calls, local calls, and long-distance calls only
E. any calls

Answer: C

Explanation:

The Class of Restrictions (COR) feature provides the ability to deny
certain call attempts

based on the incoming and outgoing CORs provisioned on the dial-peers.
COR is used to specify which incoming dial-peer can use which outgoing
dial-peer to

make a call. Each dial-peer can be provisioned with an incoming and an
outgoing COR list.

In the question, the corlist command sets the dial-peer COR parameter for
dial-peers(VolP)

and the directory number (1374) that is created for analog phone connected
to Cisco VolIP gateway.
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COR functionality provides the ability to deny certain call attempts on the
basis of the incoming and

outgoing class of restrictions that are provisioned on the dial-peers.

If the COR applied on an incoming dial-peer (for incoming calls) is a super
set or equal to the

COR applied to the outgoing dial-peer (for outgoing calls), the call goes
through.

Based on the above rule , Phone A only can make emergency calls and local
calls

successfully..

QUESTION 17:

Which configuration will provision an E1 for ITU Q421 digital line signaling and compelled register
signaling?

A. controller el 1/0

cas-group 1 timeslots 1-31 type r2-digitial r2-compelled ani
B. controller e1 1/0

cas-group 1 timeslots 1-31 r2-compelled ani
C. controller el 1/0

cas-group 1 timeslots 1-31 r2-digital ani
cas-custom 1

signaling r2-compelled

D. controller el 1/0

cas-group 1 timeslots 1-31 type r2-compelled
cas-custom 1

signaling r2-digital

Answer: A

Explanation:

R2 inter-register signaling: These signaling types are configured using

the cas-group (controller e1) command.

The three signaling types are described as follows:

Line signaling includes the following types:

- R2 digital:R2 line-signaling type ITU-U Q.421 is typically used for PCM systems
(where A- and B-bits are used).

- R2 analog:R2 line-signaling type 1TU-U Q.421 is typically used for carrier systems
(where a tone A-bit is used).

- R2 pulse:R2 line-signaling type ITU-U Supplement 7 is typically used for systems that
employ satellite links (where a tone A-bit is pulsed).

R2 compelled: When a tone pair is sent from the switch (forward signal), the tones stay
on until the remote end responds (by sending an acknowledgment [ACK]). The remote
responds with a pair of tones that signals the switch to turn off the tones. The tones are
compelled to stay on until they are turned off.. Additional information on E1R2 can be
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found in E1 R2 Signaling Theory at

http://www.cisco.com/en/US/tech/ CK6 52/ CK6 53/technologies_tech_note09186a00800943c2.shtml
Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 18:

What is a benefit of implementing an IP-to-IP gateway?

A. provides IP network privacy and trust boundary for security

B. offers equivalent quality and cost savings when compared to back.-to-back gateways
C. works in conjunctions with gateway proxies to provide scalable video solutions

D. enhances policy-routing capability by assigning carrier IDs to partner gateways

Answer: A

QUESTION 19:

A gateway is connected to the PSTN via eight analog circuits. Which two methods can be used to route
calls across all eight circuits? Select two.

A. For each destination pattern, configure eight dial peers pointing to each port and use the preference
command to select which port is used.

B. Assign each port to a trunk group. For each destination pattern, configure a single dial peer pointing to the
trunk group.

C. Assign each port to a hunt list. For each destination pattern, configure a single dial peer pointing to the hunt
list.

D. For each destination pattern, configure a single dial peer. Use the port range command to select which port is
used.

E. For each destination pattern, configure eight dial peers pointing

Answer: A, B

QUESTION 20:

A service provider wants to add SIP devices to the existing H.323 voice network. Which Cisco device will
allow the SIP devices to use the existing routing structure on the H.323 gatekeeper?

A. SIP voice gateway

B. Cisco SIP Proxy Server

C. Cisco SIP Redirect Server
D. Cisco SIP Registrar Server

Answer: B
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QUESTION 21:

Exhibit

voice translation-rule 1

rule 1/A\(6L17O)\(...O)\(...\)//3\2\3/

What will be the result if the number 617-269-1212 is put through the Cisco 10S software voice
translation rule displayed in the exhibit?

A. 36172691212
B. 1212269

C. 32691212

D. 6171212

Answer: C

Explanation: In general form , rule precedence /match pattern/ /replacement pattern/ In the question,
1/MN(6L7V\(...\\(...\)/ /3\2\3/ is the given translation rule. Hence, Rule number : 1 match pattern :
ABGL7)\(...\)\(...\) replacement pattern: 3\2\3

The match pattern says that the rule will apply to any pattern begins with 617. The replacement pattern says add
digit 3 and insert set 2 and insert set 3 digits in the match pattern. In the question, the number given is
617-269-1212 .set1: 617 set 2 : 269 set 3 : 1212

Based on the replacement rule , the answer is C : 32691212,

QUESTION 22:
Which is a use of GKTMP?

A. updating information in directory gatekeepers

B. providing SIP to H.323 protocol translation for RAI in SIP networks

C. querying third-party applications to implement specific policy controls
D. transmitting state information to alternate gatekeepers for load balancing

Answer: C

Explanation: Gatekeeper Transaction Message Protocol (GKTMP) can extend the

call control intelligence of a gatekeeper by providing an interface to a route

application server where advanced routing decisions can be made. It converts

incoming RAS messages to text messages and sends them to an off-board server.

The server can override default gatekeeper behavior.

GKTMP is an independent platform and can run on Solaris, Linux, Microsoft Windows
NT. It allows third parties to develop sophisticated applications to control RAS
communication. An example of the use of GKTMP is where a service provider wants to
control the call routing behavior of certain calls during a certain time of the day. The
gatekeeper in this case will offload the routing instructions to the route application server
and process the request from the server for altered call routing behavior.
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QUESTION 23:

Drag and drag the commands to the proper location. Each command may be used either in the interface
or the gatekeeper configurations, or in both. All boxes may not be filled and commands may be used
more than once. The IP address command has been entered for you.

interface ethernet 0
GWer (;:38:1 Gcaﬁgr ip address 10.1.1.1 255.255.255.0
A

P

zone remote GK-CertkillerC certkiller.com 10.1.20.10 1719 gat
standby 1 ip 10.1.1.10 255.255.255.0

no shutdown

zone prefix GK-CertkillerC 408

zone prefix GK-CertkillerA 425

standby 1 priority 110

zone local GK-CertkillerA certkiller.com 10.1.1.10

checper

Answer:
interface ethemet 0

G er HSRP GateKeeper ip address 10.1.1.1 255.255.255.0
A Group 1 G B standby 1 Ip 10.1.1.10 255.255.255.0

Cihermet 0 standby 1 peiority 110
no shutdown
EEeEy

gatekeeper
zone local GK-CertkillerA certkiller.com 10.1.1.10

zone remote GK-CertkillerC certkiller.com 10.1.20.10 1719

zone prefix GK-CertkillerC 408
zone prefix  GK-CertkillerA 425

no shutdown

Explanation: The primary gatekeeper will contain the following configuration on

the ethernet interface.

interface ethernet 0

ip address 10.1.1.1 255.255.255.0

stanby 1ip 10.1.1.10

standby 1 preempt

standby 1 timers 5 15

standby 1 priority 110

no shutdown

Though not shown in the list of commands to choose, the timers are very important, if the
values are not sent to the same number in both routers, HSRP will not function properly.
This router will be the priority gatekeeper for HSRP because of the standby 1 priority
110 statement. The default value is 100 in a range from 1 to 255. The standby router
(alternate) will not need to have the standby priority statement. The standby router
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(alternate) assumes the default priority of 100, meaning the primary gatekeeper is the one
set with the higher priority at 110.

The gatekeeper mode will contain the following configuration:

gatekeeper

zone local GK- Certkiller A Certkiller .com 10.1.1.10

zone remote GK- Certkiller C Certkiller .com 10.1.20.10 1719

zone prefix GK- Certkiller A 408

zone prefix GK- Certkiller C 425

no shutdown

gatekeeper is the command to enter gatekeeper configuration. The zone local command
specifies a zone controlled by a gatekeeper, include the gatekeeper name or zone name.
Next, specify the domain name. Optionally specify the ras-ip-address, which is an ip
address of one of the interfaces on the gatekeeper. Configure the zone remote. Then the
zone prefix is the part of the called number that identifies the zone to which the call hops
off.
http://www.cisco.com/en/US/customer/products/sw/iosswrel/ps1835/products_configuration_guide_chapter091
8

QUESTION 24:

You have a client that is a national organization that has deployed an IP telephony network across all of
the offices. The organization is divided into geographic regions. These regions include the east, the
Midwest, and the west. The organization would like to deploy a directory gatekeeper to provide dial-plan
resolution for all of the regions.

Which three statements correctly describe a DGK solution? (Choose three.)

A. Provides fault tolerance through a full mesh of regional gatekeepers

B. Allows up to a four-tier gatekeeper hierarchy to be deployed

C. Simplifies regional gatekeeper provisioning

D. Does not limit the number of hops in an LRQ

E. Allows local zones and LRQ forwarding zones to be mixed

F. The directory-gatekeeper maintains states about the forwarded-LRQ calls.

Answer: B, C, E

Explanation: There is a limit of five hops for an LRQ message, which allows up to a
four-tier gatekeeper hierarchy.

Without a directory gatekeeper, you would have to add an entry in every gatekeeper on
the network every time you add a new zone on one of the gatekeepers. However, with a
directory gatekeeper, you can add the new zone in the local gatekeeper and the directory
gatekeeper only.

A directory gatekeeper can be used to manage multiple gatekeepers in the network. LRQ
forwarding allows a gatekeeper to be appointed as the directory gatekeeper or super
gatekeeper. With this feature, it is only necessary to configure each gatekeeper with its
own local zones and zone prefixes, and a single match-all wildcard prefix for the zone of
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the directory gatekeeper. Only the directory gatekeeper has to be configured with the full
set of all zones and zone prefixes within the network.

QUESTION 25:

Certkiller .com t is integrating a Cisco CallManager system with the existing PBX via an E1 QSIG trunk.
During testing, the first 15 calls work normally. After 15 simultaneous calls, new calls have no audio path
when they are established.

How can this problem be resolved?

A. Add the command isdn contiguous-bchan to the serial interface.
B. Change the channel selection order from descending to ascending.
C. Add the command isdn negotiate-bchan to the serial interface.

D. Increase the ISDN T302 timer to allow more time for call setup.

Answer: A

Explanation:

Router(config-if)#isdn contiguous-bchan

(E1 only) Specifies contiguous B channel handling so that B channels 1 to 30 map to
timeslots 1 to 31 and skip timeslot 16. This command was added to allow interoperability
with Siemens PBXs, which number the B channels consecutively from 1 to 30 instead of
from 1 to 15 and 17 to 31.

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 26:

Exhibit

=at statvs [infotag get evi =tatu=s]
if { $status == "Is 0007}

=t creditliacleft finfobtag geE

leg setétleacnt time leg outgoing]

If  (PcreoditTimaleft == "unliaited”)}

V4
(SoreditTimeleft == "uninitialized ") }

'

puts "o Inlimited Tiaes”

A al=e

# ztart the fiser for .

If  ScrediéFrizciefr ¢« 10 F

=t boesp 1

=at delapy Screditiimeleft

P else

set delfay fezpr Scrediefimeleft — 18]
}

timer start leg tiser Sdelay
deq inconing

F else

Puts "Call [finfofas gof con 3Fl] gof
erent Sstatus vhile placing an outgoing
call”

call close

4
Refer to the exhibit. What is the purpose of the TCL script snippet?

A. process a script exit
B. play an audio prompt
C. terminate a call

D. gather initial digits
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E. interrupt a call in progress

Answer: C

QUESTION 27:

Exhibit

%M i

I *‘9'" """‘1__._____ PSAP A

vs.wae' .
ué’a -_B_ ]
==

PSTH T

e //' \'\ PSAP A

i berb o

PSIN

S

'PsaP B

Refer to the exhibit. You have a client that has a campus that straddles two different PSAP areas for
E911 calls. The current single PBX has been servicing all of the telephones on the campus. The client is

now interested in looking at a design for an IP telephony solution.
Which solution will provide seamless connectivity between the PBX and an IP telephony processor and

both PSAPs?

A A
B.B
C.C
D.D

Answer: C

QUESTION 28:

Which dial peer will send calls to the PSTN via the CAS T1 using this controller configuration?
controllertl 3/0

framingesf

linecodeb8zs

dsO-groupl timeslots 1-24 type e&m-wink-start

A. dial-peer voice 1 pots
destination-pattern 9.@
port 3/0:1

B. dial-peer voice 1 pots
destination-pattern 9.@
port 3/0:24

C. dial-peer voice 1 pots
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destination-pattern 91
port 3/0:1

D. dial-peer voice 1 pots
destination-pattern 91
port 3/0:24

Answer: C

Explanation:

The syntax that begins: dsO-group 1 timeslots uses the group number 1. This group
number will appear in the port number used for the POTs dial-peer. The pots dial-peer
will reference the port and the group number. For example:

dial-peer voice 9 pots

destination-pattern 9T

port 3/0:1 (the 1 is the group number from the syntax that begins dsO-group 1 timeslots)
[output from router]

test-router(config-dial-peer)#destination-pattern 9.@

Incorrect format for E.164 Number

regular expression must be of the form ~[][*0-9,A-F#*.2+%()-]*T?(\$)?$
Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 29:

DRAG DROP

As an instructor at Certkiller.com you are required to drag the SRST Failover
step on the left to the order in which it is performed on the right.

Place here

Router queries about phone's configuration ‘ ‘ Place SRST failover step 1 here

4 Place SRST failover step 2 here
subscriber

‘ IP phone fails to receive keepalive from its ‘ ‘

SRST Router autoconfigures ‘ ‘ Piace SRST failover step 3 here

SRST router performs call setup ana processing

‘ Place SRST failover step 4 here |

‘ Datzbase all attached Cisco phones built ‘ ‘ Place SRST failover step 5 here
‘ Phones Display "CM Fallback Operating” ‘ ‘ Piace SRST failover step 6 here
‘ IP phone registers with local fallback router ‘ ‘ Piace SRST failover step 7 here
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Place here

IP phone fails to receive keepalive from its
subscriber

IP phone registers with local fallback router

Router queries about phone's configuraton

Database all attached Cisco phones built

Phones Display "CM Fallback Operating”

‘ SRST Router autoconfigures ‘

SRST router performs call setup and processing

Explanation: When the WAN link fails, the Cisco (1) IP phones detect that they are
no longer receiving keepalive packets from the Cisco CallManager. The (2) IP
phones then register with the router, which (3) queries the phone about its
configuration and (4) then autoconfigures itself. In this instance, the SRST is
automatically activated and (5) builds a local database of all IP phones attached to
up to its stated maximum. The IP phones are configured to query the router as a
backup call-processing source when the central CallManager does not acknowledge
keepalive packets. The (6) IP phones indicate on their display that they are in "CM
Fallback Operating” mode for the duration of the failure. The (7) SRST router now
perform call setup, call processing, call maintenance, and call termination.

QUESTION 30:

You have a client that is planning to deploy IP telephony in its European organization. The multiple
locations will require gateway support. The organization has a list of features that need to be supported.
Given the following list of features, which gateway protocol would you choose for this implementation?
BRI

E1 CAS

E1 QSIG

Fax relay

Modem realay

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

E. H.245

Answer: A

QUESTION 31:

Which three features are available during SRST failover? (Choose three.)
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A. music on hold

B. IP phone speed dial
C. Distinctive ring

D. Call forwarding

Answer: A, B, C

642-452

QUESTION 32:

Exhibit

proc faité  F

glabal paras

st parasfioterreptfroape) troc
set parasfabortlov) =

;ﬂf parand teterruptPronpe ) *

proc iait  F £ F f
dest

feg setupsck leg fncosiog

If f fiofotas get leg i=did] }
et dext finfotag get leg dnis)

deg procecding les incoming

fog setup Fodexe calldlfafo fog facosiag
fxa setxtate PLICECIEE

F oelse §

plavtans leg fncoming to dial

==t parasfdialFPlap) trus

feg collectdigits leg foneosing paras
F

F
Refer to the exhibit. What is the purpose of the TCL script snippet?

A. process a script exit

B. play an audio prompt

C. terminate call

D. gather initial digits

E. interrupt a call in progress

Answer: D

QUESTION 33:

DRAG DRORP,
Exhibit

Cﬁllem C%Iers
Celwm
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As a technician at Certkiller.com you are required to click and drag the following commands
in the correct order for configuring gatekeeper Certkiller1 for local clustering in

Certkiller.com facility.

Place here

element Certkiller2 192.168.93.151 1719 ‘ ‘

Place first command here ‘

element Certkillerd 192,168.93.151 1713 ‘

Place second command here ‘

zone cluster local CertkillerCluster Certkiller1 | ‘

Place third command here ‘

zone local Certkiller1 certkiller.com 192.168.93.151 1719} ‘

Place fourth command here ‘

Answer:

Place here

zone local Certkiller1 certkiller.com 192.168.93.150 1719 ‘

zone cluster local CertkillerCluster Certkiller1 ‘

element Certkiller2 192.166.93.151 1719 ‘

element Certkillerd 192.168.93.151 1719 ‘

QUESTION 34:

Exhibit
(“C} Location e
G- S e

ia_i@:;t Location
=0 | CertkillerA|

&

i

Location \
CertkillerB

w@y&};

Location“"ﬂ&"‘era

Refer to the exhibit. Certkiller .com is in the process of migrating from a traditional PBX telephony
system to an IP telephony system at the Certkiller 1 headquarters. Certkiller .com would like to start
migrating the regional offices in Certkiller 2 and Certkiller 3 off the existing tie-line and onto the IP WAN.
In witch locations would voice-enabled gateways need to be deployed? (Choose four)

A. location Certkiller A
B. location Certkiller B
C. location Certkiller C
D. location Certkiller D
E. location Certkiller E
F. location Certkiller F
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Answer: A, B,C,D

QUESTION 35:

DRAG DROP
As a network technician at Certkiller .com you are required to click and drag the call-setup messages and
voice stream to the correct location on the diagram. The diagram is labeled in the orderthat the messages

are sent, and some items may be used more than once.
'&%&

:::
[ am |

RAS

e %{:‘%
[

Answer:

T [ ae o

[ aw |

[

RTP Stroam 1_
= | -
:ﬁa ;I i 2in
5 RTP Stream
Explanation:

The initial signaling from a gateway to a gatekeeper is done through H.225 RAS.
Gateways can discover their gatekeepers through one of two processes. Unicast (UDP
port 1718) or mulicast discovery (UDP multicast address 224.0.1.41).
Gateway-to-gateway signaling is H.225 call control or setup signaling. H.225 call control
signaling is used to set up connections between H.323 endpoints. The ITU H.225
recommendation specifies the use and support of Q.931 signaling messages.

A reliable TCP call control channel is created accross an IP network on TCP port 1720.
This port initiates the Q.931 call control messages for the purpose of connecting,
maintaining, and disconnecting calls.

Once call signaling is set up between the gateways, H.245 is negotiated. H.245, a control
signaling protocol in the H.323 multimedia communication architecture is for the
exchange of end-to-end H.245 messages between communicating H.323 endpoints or
terminals.

http://www.cisco.com/en/US/tech/ CK1 077/technologies_tech _note09186a00800c5e0d.shtml

QUESTION 36:
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Certkiller .com has configured two T1 trunks on a gateway. The first trunk connects to a call center and
sends ANI to differentiate how each call is handled. The second trunk connects to the PSTN for all
outgoing calls, but the local PSAP is unable to receive ANI from this trunk.

What can be done to resolve this issue?

A. configure an H.323 gateway so that the T1 to the call center has two DS-0 groups, one to send ANI and one
to receive ANI

B. configure an MGCP gateway so that both T1s have two DS-0 groups each, one to send ANI and one to
receive ANI

C. configure an H.323 gateway so that there are two DS-0 groups on the T1 from the PSTN, one to send ANI
and one to receive ANI

D. configure an H.323 gateway so that the T1 from the PSTN receives ANI and the T1 to the call center sends
ANI

E. configure an H.323 gateway so that there are four DS-0 groups; each T1 will have a DS-0 group that will
send ANI and one that will receive ANI

Answer: C

Explanation:

If a location needs to send and receive ANI on a single T1, two DS-0

groups must be configured. One ds-0 group is configured with E&M-FGD to receive
ANI and the second is configured as FGD-EANA to send ANI. The two separate
ds-0 groups are configured on the same T1 controller.

Example:

ds-0 group (1-12) is configured with type e&m-fgd to receive ANI

ds-0 group (13-24) is configured as fgd-eana to send ANI

(config)#controller T1 0

(config-controller)#ds0-group 1 timeslots 1-12 type e&m-fgd
(config-controller)#ds0-group 2 timeslots 13-24 type fgd-eana

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 37:

Certkiller .com is integrating the existing PBX to Cisco CallManager and is planning to use QSIG to
support MWI. Which gateway protocol should be deployed?

A.H.225.0
B. H.345
C. H.323
D. MGCP
E. SCCP
F. SIP

Answer: D
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Explanation: To implement the QSIG protocol with Cisco CallManager, the
gateway must run in Media Gateway Control Protocol (MGCP) mode. Once you
configure MGCP, you can setup the supplementary services. The most common
supplementary services used with CallManager are identification services, Message
Waiting Indicator (MWI) services, call diversion, and call transfer.

Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
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QUESTION 38:
Exhibit

|I!4%L IPWAN %&g'ﬂ
CedtkillerA

Refer to the exhibit and the following steps for a call placed between Phone Certkiller A and Phone
Certkiller B.

Phone Certkiller A calls Phone Certkiller B.

If Phone Certkiller B does not answer, Phone Certkiller B continues to ring even if Phone Certkiller A hangs
up.

If the call is answered, it stays active until Phone Certkiller B hangs up, regardless of the actions of Phone
Certkiller A.

How can this problem be resolved?

A. the amount of time that the PBX provides power denial is too long to be recognized by the FXO port

B. if the PBX is capable of supporting ground-start signaling, have the FXO port use this feature to receive
signal disconnect from the PBX

C. in the configuration of the FXO port turn off tone based supervisory disconnect, this works only with FXS
ports.

D. Configure battery reversal on the FXO port so the PBX is aware when Phone Certkiller B hangs up

Answer: B

Explanation:

The following is an example to configure ground-start signaling as the
signaling type for

a voice port such as FXO , which means that both sides of a connection can
place a call

and hang up:

Router(config)# voice-port 1/1/1

Router(config-voiceport)# signal ground-start

QUESTION 39:

Certkiller .com determines that all long-distance calls to area code 603 will route across the WAN. The
destination gateway is 10.172.163.5 connected through serial interface 1/0. Which set of Cisco 10S
commands will accomplish this?
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A. dial-peer voice 100 pots
destination-pattern 1603.......
port ipv4:10.172.163.5

B. dial-peer voice 101 voip
destination-pattern 1603.......
port 1/0

C. dial-peer voice 102 voip
destination-pattern 1603.......
session-target ipv4:10.172.163.5
D. dial-peer voice 103 pots
destination-pattern 1603.......
session-target 1/0

Answer: C

QUESTION 40:

You are working with Certkiller .com who is interested in deploying a distributed IP telephony
call-processing solution among the three corporate campuses. Each campus will have a Cisco
CallManager cluster and a gateway to the PSTN. Which three design considerations need to be
determined or selected for a successful gatekeeper deployment? (Choose three.)

A. determine if the total WAN bandwidth for voice and data will exceed 75% of total link capacity
B. calling patterns to the PSTN

C. intersite modem and fax traffic patterns

D. a common codec for all WAN connections

E. the correct WAN topology

F. if gatekeeper redundancy or high availability is required

Answer: D, E, F

Explanation: Gatekeepers are one of the key elements in the multisite WAN model

with distributed call processing. Each gatekeeper provides dial-plan resolution and

call access control. The following best practices apply to the use of a gatekeeper.

* Use a logical hub-and-spoke topology for the gatekeeper. A gatekeeper can manage the
bandwidth into and out of a site, or between zones within a site, but it is not aware of the
topology (you will need to consider the proper WAN topology to support the
gatekeeper(s)).

* Size the platforms appropriately to ensure that performance and capacity requirements
can be met.

* When deploying voice in a WAN environment, Cisco recommends that you use the
lower bandwidth g.729 codec for any voice calls that will traverse WAN links because
this pratice will provide bandwidth savings on these lower-speed links (need to consider
a common codec for all WAN connections).

* Gatekeeper networks can scale to hunderds of sites, and the design is limited only by
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the hub-and-spoke topology.
Implementing Cisco Voice Gateways and Gatekeepers (GWGK) v1.0
pg 1-14 Function of Gateways and Gatekeepers

QUESTION 41:

Certkiller .com field offices route calls to headquarters out IP gateways to the PSTN. The numbers are all
of the form 1-202-454-XXXX. When dialing, the filed offices wish to dial only the last four digits. Which
of the following Cisco 10S command must be a part of the PSTN dial peer on the field office gateways?

A. no digit-strip

B. prefix 1

C. num-exp .... 1202454....
D. Rule 17202454 1

Answer: C

Explanation: Number expansion is a globally applied rule that enables you to define
a set of digits for the gateway to prepend to the beginning of a dialed string before
you pass it to the remote telephony device. This procedure reduces the number of
digits that a user must dial to reach a remote location. Number expansion is similar
to using a prefix, except that number expansion is applied globally to all dial-peers
and the expansion is applied before the outbound dial-peer is matched.

[router output]

dial-peer voice 2003 voip

destination-pattern 1202.......

session target ipv4:10.10.10.81

I

num-exp .... 1202454....

If you dial any four digit number 0000 to 9999, the num-exp will prepend the 1202454
and it will match the dial-peer voice 2003 voip. So for example, you dial 0007,the
number is converted to 12024540007 and will be matched to the dial-peer 2003 voip and
will be sent to CallManager at the ip address 10.10.10.81

QUESTION 42:

SIMULATION
Exhibit, Network topology
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Certkiller .com is looking to do a demonstration of a gateway registering with a gatekeeper. They have a
small VVoIP network in their lab to test their configurations. There are two routers that will be configured

in this simulation. They are designated Certkiller A and Certkiller . The Certkiller A router has a POTS
connection to the PSTN. It also has an Ethernet connection that is shared with Certkiller . Certkiller will
need to be configured for two zones designated Certkiller 1 and Certkiller 2. Certkiller will need to provide
Call Admission Control (CAC) for inter-zone calls. Configure Certkiller to allow 64kbps of bandwidth

per call and permit enough bandwidth for thee calls in the zone.

The domain will be Certkiller .com. This test will also include a technology prefix. Use technology prefix 1#
as the default. Modify Certkiller A VVolP dial peer to use Certkiller for registration authentication and
status.

1. Configure Certkiller to accept registrations

2. Configure Certkiller A to register with Certkiller using an 1D of Certkiller A and a domain of

Certkiller .com. Certkiller A should be in the Certkiller 1 zone.

3. Configure Certkiller A to resolve calls to the 678 area code via Certkiller .

4. Configure Certkiller for two local zones. Certkiller 1 and Certkiller 2.

Answer:

<Gateway Router Certkiller A commands>

interface Ethernet0/0

ip address 172.16.1.2 255.255.0.0

half-duplex

h323-gateway voip interface

h323-gateway voip id Certkiller ip address 172.16.1.1
h323-gateway voip h323-id Certkiller A@ Certkiller .com
h323-gateway voip tech-prefix 1#

no shutdown

I

gateway

!

dial-peer voice 1 pots
destination-pattern 815T
port 2/0/0

I

dial-peer voice 2 voip

destination pattern 678.......
session target ras
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!
<Gatekeeper Router Certkiller commands>

gatekeeper

zone local Certkiller 1 Certkiller .com
zone local Certkiller 2 Certkiller .com
zone prefix Certkiller 1 815.......

zone prefix Certkiller 2 678.......
gw-type-prefix 1#* default-technology
bandwidth total zone Certkiller 1 192
bandwidth total zone Certkiller 2 192
no shutdown

QUESTION 43:

When COR is used in a gateway, under what circumstance will a call be completed between a specific
pair of dial peers?

A. only when COR lists in the inbound and outbound dial peers are an exact match

B. when the COR list in the outbound dial peer is a subset of the COR list in the inbound dial peer
C. when the COR list in the inbound dial peer is a subset of the COR list in the outbound dial peer
D. when the COR list in the inbound and outbound dial peers have no matching members

Answer: B

QUESTION 44:

Network topology exhibit
o
1.E"j.in. i'&‘;t

Refer to the exhibit. Callers are complaining that the frequently get a busy signal when calling from IP
phones to the PBX. Analysis of the problem shows that conflicting route patterns in the Cisco
CallManager and the PBX are causing some calls to trombone across the T1 CAS connection.

Which action will prevent future problems with tromboning?

A. Implement COR in the gateway to prevent calls originating on the PBX from being routed back to the PBX
across the T1.

B. Make sure the gateway's CSS does not include any partions that have route patterns whose target is the
gateway.
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C. Make sure the gateway's partition does not include any route patterns whose target is the gateway.
D. Set the Forward Maximum Hop Count service parameter in Cisco CallManager to 2.

Answer: B

QUESTION 45:

Certkiller .com has two routes to send calls from its headquarters to its subsidiary.
Headquarters: Manchester, NH--603-643-XXXX

Subsidiary: Seattle, WA--206-532-XXXX

The connections are made as follows:

First choice: WAN over router 10.172.16.111

Second choice: PSTN on port 1/0:1

Which two sets of Cisco 10S commands will provide this routing from the headquarters to the
subsidiary? (Choose two.)

A. dial-peer voice 10 pots
destination-address 1206532....
session-target port 1/0:1 preference 0
B. dial-peer voice 11 voip
destination-address 1206532....
session-target ipv4:10.172.16.111
preference O

C. dial-peer voice 12 pots
destination-address 1206532....
session-target port 1/0:1
preference 1

D. dial-peer voice 13 voip
destination-address 1206532....
session-target ipv4:10.172.16.111
preference 1

Answer: B, C

QUESTION 46:

When deployed in an enterprise network, which three features does an IP-to-IP gateway use support for
video? (Choose three.)

A. endpoint functions

B. proxy functions

C. RSVP with call signaling

D. near-end camera control

E. simultaneous data, audio, and video conferencing
F. Microsoft NetMeeting data collaboration
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Answer: B, C, E

Case Study # 1Certkiller com, Scenario

Certkiller .com is expanding their facility. As part of the expansion Certkiller .com plans to implement a
CallManager system to provide phone support. The expansion will be phased over a 6 month period
requiring the CallManager to be integrated with the existing PBX system. In order to minimize the
impact on office staff, the office manager wants to only train employees on new phone procedures when
they have been migrated to the CallManager system.

The existing voicemail will be used until all employees are migrated to the CallManager. Once the
migration is complete, Cisco Unity will be used to provide Unified Messaging.

Certkiller .com currently has two T1s to the phone company for local and inbound calls and a T1
dedicated for Long Distance calling. There are 200 DIDs and Certkiller employees can call each other via
four digit expressions. The migration schedule calls for moving the PSTN connections to the
CallManager after all employees are migrated.

To facilitate the migration, a 3825 router will be used to provide voice gateway services. Two T1's will be
used to connect the 3825 and the PBX. These T1s will be used to support calls between IP phones and
PBX phones. The PSTN ** MISSING ***

Case study #1, (3 Questions)

QUESTION 47:

While testing calls between the CallManager and PBX, it is determined that IP phones can place and
receive calls from the PBX phones but cannot receive calls from the PSTN on their DID.
What is the most likely cause of this problem?

A. The PBXis restricting trunk to trunk transfers

B. The PBX is not sending the correct digits to the CallManager.

C. The gateway's CSS does not contain the partition assigned to the IP phones.
D. The IP phones' CSS does not contain the partition assigned to the gateway.

Answer: A

QUESTION 48:

Which three statements describe how the T1s should be provisioned to provide maximum capacity while
maintaining features such as voicemail support and callerid? Select three.

A. The T1s should be CAS circuits. One circuit should be configured for e&m-fgd and one circuit should be
configured for fgd-eana.

B. The T1s should be CAS circuits configured for fxo-loop-start.

C. The T1s should be CCS circuits. The PBX should be configured for network side and the gateway for the
user side.

D. The gateway controller's clock source should be configured as line.

E. The T1s should be configured as NFAS to provide maximum capacity.

F. The T1s should be configured for QSIG.
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Answer: C, D, F

QUESTION 49:

While talking to customers, Certkiller sales staff frequently conference in technical support.
Certkiller .com would like to support 12 simultanous conference bridges with 4 participants each.
What is the minimum number of DSPs required in the gateway?

>
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Answer: C

Case Study #2, Scenario
Network Topology Exhibit:
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Simulation output exhibit #1:
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CertkillerBranchA#sho run
Building configuration,

Current nonfiguration : 2532 bytas

"

vesmion £3.3

service tinsstanps debug datetinse msec
sarvios tisastamps log datatimes msac
ne amrvice password-sncsyptisn

i

nostnanes CertkillerBranchA
'

mrnble passward igwgh
0

tdm eclook T1 1/0 both awport lins
wveire-oard 1
"

veice-card 2

"

voloe-oard 3

L4

no aas new-model
ap smubnet-zers

ne ip demain lookup
ip dhop excluded-sadaress 197 188 . 131.3 193 168,131, 909
ip dhop sxoluded-address 152 168 1327 1 1927 168,122 59

ip dhop peal vaice
network 192 168.131.0 255,255 255.0
dafavlt-rovtar 193 168 121 .1
domain-nane igwgk com
dns-server 10 .1.200
eption 150 ip 10.1.1.100

ip dhop pool data
network 132 .168.122.0 255.255.255.0
default-router 1893 168,122 1
domain-name 1gwgk com
dns-server 10.1.1.200

]

]

ip eaf

Ap mudit notafy leg

ip awdit po ma vents 100

ip multicast-routing

ip ssh brask-string

ne ftp-server write-enable

isdn switch-type primacy-ni

[}

v

'

com-nanager fallback-mgcp
»

10.1.1.100

Simulation output exhibit #2:

class-mp matoh-all VOICE-CTRI-OUT
match Lp decp afdl

matekoall VOICE-OUT

dscp mt

matoh-all VOICE
mateh icesss-group name VOICE

class-mp match-all VOICK-CTRL
mateh icesss-group nams VOTCE_CTRL
'

'

policy-nap INBOONDCTRL

class WOICE-00T

Lty perosnt 59

. ¥OTCR-CYRL-0UT
Bandwidth 16

class alass-defaslt
fair-queus

poliey-nap INBOUND

class ¥OICR
sat ip dacp ef

clams WOICR-CTRL
ast ip dacp afil

v

"
transiation-rule 1
Pule L 3100 $722323300

intarface Loopbacking

ip address 10.5.1.3 285 355 385 285
v

interrace FastEtharnato/o
description Trunk to 3550

intarface FastEtharnat0d/0 1
desoription Hative VIAMN

sncapsulation dotlQ 1 mative

ip mddrmes L9F A6a.220.1 255 255 ¥55.0
ip halpsr-address 19,1.1,180

ip pim sparse-mods

wervice-policy input RBIUMG

ne odp anable

'

intarface FastEtharnetd/o 1371
descsiption Voice Intesface
encaprulation datld 131

ip address 197 168 171 1 235 I35 335 0
ip halper-addemas 10.1. 1,180

ip pim sparas-mode

sarvice-policy input INBOUND

'

interfans Fastfthernets/ 8 132
dasoription Data Interface

ion dotlQ 13r

197 164,123. 4 355 258 3580
ip halpar-address 13 .1.1.1980

ip pin sparse-mods

asrvies-policy input 1MBOUMD

'

interface Serlald/d
description F/R from Hain
ne ip sddress

Simulation output exhibit #3:
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intarfane Serimld/0 152 paint-ta-paint
ip address 10.13.1.3 208.253 288 0
ip sapf setwerk paint-te-peint

feamm-calay intacfaca-dlo: 150 ppp Virtual-TenplaselSo

'
interface Seriall/0:23
Ro ip address
no logging avent link-status
indn switoh-type primary-ni
iasdn ineoming-vales veice
iedn bind-13 com-manager
ne edp enable
'

interface Virtoal-Templatelid

ip addrass 10.3.1.2 255 2855 2835 0
ip pim sparas-mode

policy output Mai

Ppp multilink
Fre multdlank frageens delay 10
PPP multilink interleave

|

foutar ospf 1

loa-adiacencv—chanaes

P ntartans o
natwerk 10.0.0.0 0.255.255 235 area O
netwerk 192 16€8.120.0 0.0.0.258 area 120
natwork 193 168 131.8 0.0 6,358 area 130
netwark 192 168.122.9 9.0.8.258 a 120
'
ip classisas
RO AP hitp server
RO AP RItp server server

'

'

'
ip anomss- list sxtendsd volce

permit udp any any ranges 163184 3I787
i List

Permit tep any any rangs 2000 J003
permit top any any eq 1720

parmit tep any any cangs 11000 11555
permit udp any any sq 3437

'

mip-rliss frama-ralsy fres
frama-ralay cir 184000
frame-relav bo 1840
trame-Telny ba @
frama-ralay oir m4a00
'

Anterfaoe
"

"
call appiication aiternate defauls

woiom-port 2/0

velea—port 2/1

'

wolce-port 3/0
station-id pusiser 3100
caller-id snable

'

volea-port 3/1
'

volea-port 3/2
v

Simulation output exhibit #4:

veicm-pert 1/8:73
'

g
mgep call-agest 10.1.1. 181 service-type mgep vesrsian 8.1

mgop dimf-relsy voip codec ill mode cut-of-band
ngep moden passthrough veip mods nas
'

mgop protile derault
[

dial-pssr mor custam
name sveryone

rame manager

mams admin

name anergency

'

[

dial-psar cor list smergency
mesber wverysoe
[

dial-psar cor 1i
wambar Adsin

sdmin

'
disl-pesr cor list smergency
manihar snsrgenny

.
dial -pessr vor lisl sansgss
mamler ARG

"

dial-psar cor list intesnal
. ey

"

dial -pear cor list local
e

mAsEa T amergeney

"

dial-paar cor list ld
manbar everyone

hanbiel mAnAger

meshar adain

i Ll L

"
l-pasr cor Liat inbsund
neasber mansjer
manbear Adnin

L T LT

Case Study #2, 5 Questions
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QUESTION 50:

Which configuration change will provide caller-name display for Phone Certkiller D?
A. voice-port 3/0 followed by caller-name Lobby

B. voice-port 3/0 followed by station-id name Lobby

C. dial-peer voice 3100 pots followed by caller-name Lobby

D. dial-peer voice 3100 pots followed by station-id name Lobby

Answer: B

QUESTION 51:

Phone Certkiller D has placed a call to 911. Which number will appear as the caller ID?
A. 3000

B. 3100

C. 9722323000

D. 9722323100

Answer: C

QUESTION 52:

Which two phones at Certkiller Branch A can be reached from the PSTN while operating in SRST mode?
Select two.

A. Certkiller D
B. Certkiller E
C. Certkiller F
D. Certkiller G

Answer: B, C
Note: The exhibits shown are not enough to determine answer for this question.

QUESTION 53:

Certkiller Branch A experienced an IP WAN outage and is operating in SRST mode. Which three phones
can Certkiller F call while in SRST mode? Select three

A. Certkiller A
B. Certkiller B
C. Certkiller C
D. Certkiller D
E. Certkiller G
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Answer: A, C, E
Note: The exhibits shown are not enough to determine answer for this question.

QUESTION 54:
Which configuration will support fax pass-through while in MGCP mode? Select one

A. Enable fax pass-through using the mgcp command.

B. Enable fax pass-through using the ccm-manager command.
C. Disable fax relay using the ccm-manager command.

D. Disable fax relay using the mgcp command.

Answer: A

The command mgcp modem passthrough voip mode nse found in exihibit 4 supports fax pass-through in MGCP
mode.
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