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PCMag.com is a leading authority on technology, delivering Labs-based, independent
reviews of the latest products and services. Our expert industry analysis and practical
solutions help you make better buying decisions and get more from technology.
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Go under the hood of an operating Voice over IP network, and build your knowledge of
the protocols and architectures used by this Internet telephony technology. With this
concise guide, you’ll learn about services involved in VoIP and get a first-hand view of
network data packets from the time the phones boot through calls and subsequent
connection teardown. With packet captures available on the companion website, this
book is ideal whether you’re an instructor, student, or professional looking to boost
your skill set. Each chapter includes a set of review questions, as well as practical,
hands-on lab exercises. Learn the requirements for deploying packetized voice and
video Understand traditional telephony concepts, including local loop, tip and ring, and
T carriers Explore the Session Initiation Protocol (SIP), VoIP’s primary signaling
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protocol Learn the operations and fields for VoIP’s standardized RTP and RTCP
transport protocols Delve into voice and video codecs for converting analog data to
digital format for transmission Get familiar with Communications Systems H.323, SIP’s
widely used predecessor Examine the Skinny Client Control Protocol used in Cisco
VoIP phones in networks around the world
Cisco's authorized foundation learning self-study guide for the new CCNP Voice CIPT1
V.8 exam • •Developed with the Cisco certification team, creators of the new CCNP
Voice exams and courses. •Covers CUCM 8.x configuration and administration in
single site environments, from deployment models to services, installation to security.
•New chapters on Cisco Unified Mobility, Unified Manager Assistant, and Phone
Services. •Includes hundreds of review questions. This is Cisco's authorized, selfpaced, foundation learning tool for the new CIPT1 8.0 exam (Implementing Cisco
Unified Communications Manager, Part 1), required for the new CCNP Voice
certification. It offers readers a complete, engineering-level understanding of planning,
deploying, and managing singlesite IP Telephony environments based on Cisco Unified
Communications Manager (CUCM) 8.x. As an Authorized Self-Study Guide, this book
fully reflects the content of the newest versions of the Cisco CIPT1 course. Each
chapter ends with 20 questions designed to help readers assess their understanding as
they prepare for the exam. Older material has been removed from this edition, and
three new chapters have been added to cover: • •Cisco Unified Communications
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Manager Phone Services. •Implementing Cisco Unified Manager Assistant.
•Implementing Cisco Unified Mobility
Latest 7893X Avaya IP Office Platform Configuration and Maintenance Exam
Questions & AnswersPass Exam
For more than 40 years, Computerworld has been the leading source of technology
news and information for IT influencers worldwide. Computerworld's award-winning
Web site (Computerworld.com), twice-monthly publication, focused conference series
and custom research form the hub of the world's largest global IT media network.
InfoWorld is targeted to Senior IT professionals. Content is segmented into Channels
and Topic Centers. InfoWorld also celebrates people, companies, and projects.
This introduction examines the fundamentals of delivering voice over internet protocol
(VoIP) service while exploring its potential in the communications market. It analyzes
this trend in-depth, addressing the underlying challenges and benefits and bringing
readers up to date on the evolution of VoIP service.
WebRTC, Web Real-Time Communications, is revolutionizing the way web users
communicate, both in the consumer and enterprise worlds. WebRTC adds standard
APIs (Application Programming Interfaces) and built-in real-time audio and video
capabilities and codecs to browsers without a plug-in. With just a few lines of
JavaScript, web developers can add high quality peer-to-peer voice, video, and data
channel communications to their collaboration, conferencing, telephony, or even
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gaming site or application. New for the Third Edition The third edition has an enhanced
demo application which now shows the use of the data channel for real-time text sent
directly between browsers. Also, a full description of the browser media negotiation
process including actual SDP session descriptions from Firefox and Chrome. Hints on
how to use Wireshark to monitor WebRTC protocols, and example captures are also
included. TURN server support for NAT and firewall traversal is also new. This edition
also features a step-by-step introduction to WebRTC, with concepts such as local
media, signaling, and the Peer Connection introduced through separate runnable
demos. Written by experts involved in the standardization effort, this book contains the
most up to date discussion of WebRTC standards in W3C and IETF. Packed with
figures, example code, and summary tables, this book is the ultimate WebRTC
reference. Table of Contents 1 Introduction to Web Real-Time Communications 1.1
WebRTC Introduction1.2 Multiple Media Streams in WebRTC1.3 Multi-Party Sessions
in WebRTC1.4 WebRTC Standards1.5 What is New in WebRTC1.6 Important
Terminology Notes1.7 References2 How to Use WebRTC2.1 Setting Up a WebRTC
Session2.2 WebRTC Networking and Interworking Examples2.3 WebRTC PseudoCode Example2.4 References3 Local Media3.1 Media in WebRTC3.2 Capturing Local
Media3.3 Media Selection and Control3.4 Media Streams Example3.5 Local Media
Runnable Code Example4 Signaling4.1 The Role of Signaling4.2 Signaling
Transport4.3 Signaling Protocols4.4 Summary of Signaling Choices4.5 Signaling
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Channel Runnable Code Example4.6 References5 Peer-to-Peer Media5.1 WebRTC
Media Flows5.2 WebRTC and Network Address Translation (NAT)5.3 STUN
Servers5.4 TURN Servers5.5 Candidates6 Peer Connection and Offer/Answer
Negotiation6.1 Peer Connections6.2 Offer/Answer Negotiation6.3 JavaScript
Offer/Answer Control6.4 Runnable Code Example: Peer Connection and Offer/Answer
Negotiation7 Data Channel7.1 Introduction to the Data Channel7.2 Using Data
Channels7.3 Data Channel Runnable Code Example7.3.1 Client WebRTC Application8
W3C Documents8.1 WebRTC API Reference8.2 WEBRTC Recommendations8.3
WEBRTC Drafts8.4 Related Work8.5 References9 NAT and Firewall Traversal9.1
Introduction to Hole Punching9.3 WebRTC and Firewalls9.3.1 WebRTC Firewall
Traversal9.4 References10 Protocols10.1 Protocols10.2 WebRTC Protocol
Overview10.3 References11 IETF Documents11.1 Request For Comments11.2
Internet-Drafts11.3 RTCWEB Working Group Internet-Drafts11.4 Individual InternetDrafts11.5 RTCWEB Documents in Other Working Groups11.6 References12 IETF
Related RFC Documents12.1 Real-time Transport Protocol12.2 Session Description
Protocol12.3 NAT Traversal RFCs12.4 Codecs12.5 Signaling12.6 References13
Security and Privacy13.1 Browser Security Model13.2 New WebRTC Browser
Attacks13.3 Communication Security13.4 Identity in WebRTC13.5 Enterprise Issues14
Implementations and UsesINDEXABOUT THE AUTHORS
For more than 20 years, Network World has been the premier provider of information,
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intelligence and insight for network and IT executives responsible for the digital nervous
systems of large organizations. Readers are responsible for designing, implementing
and managing the voice, data and video systems their companies use to support
everything from business critical applications to employee collaboration and electronic
commerce.
Design a complete Voice over IP (VoIP) or traditional PBX system with Asterisk, even if
you have only basic telecommunications knowledge. This bestselling guide makes it
easy, with a detailed roadmap that shows you how to install and configure this open
source software, whether you’re upgrading your existing phone system or starting from
scratch. Ideal for Linux administrators, developers, and power users, this updated
edition shows you how to write a basic dialplan step-by-step, and brings you up to
speed on the features in Asterisk 11, the latest long-term support release from Digium.
You’ll quickly gain working knowledge to build a simple yet inclusive system. Integrate
Asterisk with analog, VoIP, and digital telephony systems Build an interactive dialplan,
using best practices for more advanced features Delve into voicemail options, such as
storing messages in a database Connect to external services including Google Talk,
XMPP, and calendars Incorporate Asterisk features and functions into a relational
database to facilitate information sharing Learn how to use Asterisk’s security, call
routing, and faxing features Monitor and control your system with the Asterisk Manager
Interface (AMI) Plan for expansion by learning tools for building distributed systems
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Provides information on designing a VoIP or analog PBX using Asterisk, covering how
to install, configure, and intergrate the software into an existing phone system.
- This is the latest practice test to pass the 7893X Avaya IP Office Platform
Configuration and Maintenance Exam. - It contains 98 Questions and Answers. - All the
questions are 100% valid and stable. - You can reply on this practice test to pass the
exam with a good mark and in the first attempt.
More and more businesses today have their receive phone service through Internet
instead of local phone company lines. Many businesses are also using their internal
local and wide-area network infrastructure to replace legacy enterprise telephone
networks. This migration to a single network carrying voice and data is called
convergence, and it's revolutionizing the world of telecommunications by slashing costs
and empowering users. The technology of families driving this convergence is called
VoIP, or Voice over IP. VoIP has advanced Internet-based telephony to a viable
solution, piquing the interest of companies small and large. The primary reason for
migrating to VoIP is cost, as it equalizes the costs of long distance calls, local calls, and
e-mails to fractions of a penny per use. But the real enterprise turn-on is how VoIP
empowersbusinesses to mold and customize telecom and datacom solutions using a
single, cohesive networking platform. These business drivers are so compelling that
legacy telephony is going the way of the dinosaur, yielding to Voice over IP as the
dominant enterprise communications paradigm. Developed from real-world experience
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by a senior developer, O'Reilly's Switching to VoIP provides solutions for the most
common VoIP migration challenges. So if you're a network professional who is
migrating from a traditional telephony system to a modern, feature-rich network, this
book is a must-have. You'lldiscover the strengths and weaknesses of circuit-switched
and packet-switched networks, how VoIP systems impact network infrastructure, as
well as solutions for common challenges involved with IP voice migrations. Among the
challenges discussed and projects presented: building a softPBX configuring IP phones
ensuring quality of service scalability standards-compliance topological considerations
coordinating a complete system ?switchover? migrating applications like voicemail and
directoryservices retro-interfacing to traditional telephony supporting mobile users
security and survivability dealing with the challenges of NAT To help you grasp the core
principles at work, Switching to VoIP uses a combination of strategy and hands-on
"how-to" that introduce VoIP routers and media gateways, various makes of IP
telephone equipment, legacy analog phones, IPTables and Linux firewalls, and the
Asterisk open source PBX software by Digium.You'll learn how to build an IP-based or
legacy-compatible phone system and voicemail system complete with e-mail integration
while becoming familiar with VoIP protocols and devices. Switching to VoIP remains
vendor-neutral and advocates standards, not brands. Some of the standards explored
include: SIP H.323, SCCP, and IAX Voice codecs 802.3af Type of Service, IP
precedence, DiffServ, and RSVP 802.1a/b/g WLAN If VoIP has your attention, like so
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many others, then Switching to VoIP will help you build your own system, install it, and
begin making calls. It's the only thing left between you and a modern telecom network.
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