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QUESTION 1

Refer to the exhibit. Users report that outgoing calls do not work on the new SIP trunk for outgoing calls. The solution
consists of a Cisco UCM Cluster linked to a Cisco Unified Border Element where the SIP trunk is terminated. The
provider required 10 digits. The logs show a line going toward the Cisco Unified Border Element. Which code snippet
must be added to the configuration to meet the requirement? 

A. request Invite sip-header modify “andamp;lt;sip:1(…)@” “andamp;lt;sip:9135551\1@” under the SIP translation
profile configuration 

B. request Invite sip-header modify “andamp;lt;sip:1(…)@” “andamp;lt;sip:9135551\1@” under the voice translation
profile configuration 

C. sip-header modify “andamp;lt;sip:1(…)@” “andamp;lt;sip:9135551\1@” under the voice translation profile
configuration 

D. request Invite sip-header Diversion modify “andamp;lt;sip:1(…)@” “andamp;lt;sip:9135551\1@” under the SIP profile
configuration 

Correct Answer: B 

 

 

QUESTION 2

Refer to the exhibit. 
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The Cisco Unified Border Element receives an INVITE matching inbound dial peer 5002. The outbound dial peer
supports only iLBC, and a Local Transcoding Interface is allocated. Based on the configuration and SDP from the
INVITE message, which codec is chosen by Cisco Unified Border Element for the inbound call leg? 

A. G.729r8 

B. G.711 A-law 

C. G.711 U-law 

D. G.729br8 

Correct Answer: C 

 

 

QUESTION 3
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Refer to the exhibit. This message is sent to the device being placed on hold for the Music On Hold audio setup. The
held party reports receiving dead air rather than music when the call was put on hold. The software Music On Hold
server on Cisco UCM is used in this scenario. Assume that the audio leg between the Music On Hold server and the
held device uses G.711, and the relevant region relationship is configured for 64 kbps. What is the cause of the issue? 

A. The bandwidth configured for this region relationship is too low and must be increased to 96 kbps or higher. 

B. The device that is placed on hold does not support G.711, and a transcoder could not be allocated for the call. 

C. Cisco UCM is sending a=inactive to the held device. 

D. The Music On Hold server does not support G.711 and a transcoder could not be allocated for the call. 

Correct Answer: C 

 

 

QUESTION 4

After configuring a Cisco CallManager Express with Cisco Unity Express, inbound calls from the PSTN SIP trunk
receive a ring tone for 20 seconds and then a busy signal instead of voicemail. Which configuration fixes this problem? 
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A. Router(config)# voice service voip Router(conf-voi-serv)#allow-connections h323 to h323 

B. Router(config)#dial-peer voice 2 voip Router(config-dial-peer)#no vad 

C. Router(config)# voice service voip Router(conf-voi-serv)#allow-connections voice-mail mod 

D. Router(config)# voice service voip Router(conf-voi-serv)#no supplementary-service sip moved-temporarily 

Correct Answer: D 

Reference: https://www.cisco.com/c/en/us/td/docs/voice_ip_comm/cusrst/admin/sccp_sip_srst/configuration/guide/SCC
P_and_SIP_SRST_Admin_Guide/srst_call_handling.html 

 

QUESTION 5

An administrator is troubleshooting call failures on an H.323 gateway via the CLI. To see signaling for media and call
setup, which debug must the Administrator turn on? 

A. debug H.323 messages 

B. debug H.225 asn1 

C. debug H.246 asn 1 

D. debug H.225 media 

E. debug H.323 asn 1 

Correct Answer: B 
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