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Our Implementing Cisco Advanced Call Control and Mobility Services exam questions are designed by a reliable and reputable
company and our company has rich experience in doing research about the study materials. We can make sure that all employees in
our company have wide experience and advanced technologies in designing the 300-815 study dump. So a growing number of the
people have used our study materials in the past years, and it has been a generally acknowledged fact that the quality of the 300-815
Test Guide from our company is best in the study materials market. Now we would like to share the advantages of our 300-815
study dump to you, we hope you can spend several minutes on reading our introduction; you will benefit a lot fromit.

The Implementing Cisco Advanced Call Control and Mobility Services exam is a 90-minute test that consists of 60-70 questions.
300-815 examis conducted in English and is available in different formats, including online proctored and in-person testing, 300-815
Examrequires the candidates to have a good understanding of Cisco Unified Communications Manager, Cisco Unified
Communications Manager Express, Cisco Unity Connection, and Cisco Unified Communications Manager IM&P.
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Ifyou are not sure whether our 300-815 exam braindumps are suitable for you, you can request to use our trial version. Of course,
300-815 learning materials produced several versions of the product to meet the requirements of different users. You can also ask to
try more than one version and choose the one that suits you best. And we have three different versions Of our 300-815 Study
Guide: the PDF, the Software and the APP online.

The Cisco 300-815 exam consists of 60-70 multiple-choice questions and is timed for 90 minutes. Candidates who take the exam
must have a solid understanding of advanced call control and mobility services, as well as experience working with Cisco Unified
Comnumications Manager and related technologies. They must also be familiar with the latest industry standards and best practices
for implementing advanced call control and mobility services.

Achieving the Cisco Certified Specialist - Collaboration Core certification by passing the Cisco 300-815 Exam can open up many
career opportunities for IT professionals. Implementing Cisco Advanced Call Control and Mobility Services certification is
recognized globally and validates the candidate's expertise in Cisco collaboration solutions. It can help individuals advance their
careers in roles such as network engineer, collaboration engineer, and unified communications engineer. Additionally, certified
professionals can expect to earn higher salaries and have increased job security.

Cisco Implementing Cisco Advanced Call Control and Mobility Services
Sample Questions (Q112-Q117):

NEW QUESTION # 112
Refer to the exhibit.
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Out-Of-Dialog Refer Calling Search Space | < None>. v
SUBSCRIBE Calling Search Space | No_ne; v
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DTMF Signaling Method * RFC 2833 v

An administrator just Implemented SIP trunking on their Cisco UCM and reports that calls using the SIP trunk are using Media
Termination Point resources unnecessarily. Which action resolves the issue?

A. Change OTMF Signaling Method to "No Preference".
B. Change to a range that does not result in MTP.

C. Disable SIP Red XX Options.

D. Change DTMF Signaling Method to "RFC 4733".

Answer: A

NEW QUESTION # 113
Refer to the exhibit.

voice translation-rule 84
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Users report that outbound PSTN calls from phones registered to Cisco Unified Communications Manager are not completing, The
local service provider in North America has a requirement to receive calls in 10-digit format. The Cisco Unified CM sends the calls
to the Cisco Unified Border Element router in a globalized

E.164 format. There is an outbound dial peer on Cisco Unified Border Element configured to send the calls to the provider. The dial
peer has a voice translation profile applied in the correct direction but an incorrect voice translation rule applied, which is shown in
the exhibit. Which rule modified DNIS in the format that the provider is expecting?
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