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Introduction
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The Cisco Unified Communications System delivers fully integrated communications by enabling data, 
voice, and video to be transmitted over a single network infrastructure using standards-based Internet 
Protocol (IP). Leveraging the framework provided by Cisco IP hardware and software products, the 
Cisco Unified Communications System delivers unparalleled performance and capabilities to address 
current and emerging communications needs in the enterprise environment. The Cisco Unified 
Communications family of products is designed to optimize feature functionality, reduce configuration 
and maintenance requirements, and provide interoperability with a wide variety of other applications. 
The Cisco Unified Communications System provides this capability while maintaining a high level of 
availability, quality of service (QoS), and security for your network.

The Cisco Unified Communications System incorporates and integrates the following major 
communications technologies:

• IP telephony

IP telephony refers to technology that transmits voice communications over a network using IP 
standards. Cisco Unified Communications includes a wide array of hardware and software products 
such as call processing agents, IP phones (both wired and wireless), voice messaging systems, video 
devices, and many special applications.

• Customer contact center

Cisco IP Contact Center products are a combination of strategy and architecture that promote 
efficient and effective customer communications across a globally capable network by enabling 
organizations to draw from a broader range of resources to service customers. They include access 
to a large pool of agents and multiple channels of communication as well as customer self-help tools.

• Video telephony

The Cisco Unified Video Advantage products enable real-time video communications and 
collaboration using the same IP network and call processing agent as 
Cisco Unified Communications. With Cisco Unified Video Advantage, making a video call is now 
as easy as dialing a phone number.

• Rich-media conferencing

Cisco Conference Connection and Cisco Unified MeetingPlace enhance the virtual meeting 
environment with a integrated set of IP-based tools for voice, video, and web conferencing.
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• Third-party applications

Cisco works with leading-edge companies to provide the broadest selection of innovative third-party 
IP communications applications and products focused on critical business needs such messaging, 
customer care, and workforce optimization.

The remainder of this document focuses on system design considerations for the following components 
of the Cisco Unified Communications System:

• Cisco Unified Communications Manager (Unified CM), formerly Cisco Unified CallManager

• Cisco Unified Video Advantage

• Cisco Unified MeetingPlace

For information about other aspects of the Cisco Unified Communications System, such as Cisco IP 
Contact Center, refer to the documentation available at the following locations:

http://www.cisco.com/go/designzone

http://www.cisco.com/go/unified-techinfo

You can also find additional documentation for the Cisco Unified Communications family of products 
at the following location:

http://www.cisco.com

Overview of Cisco Unified Communications
Cisco IP Telephony is the leading converged network IP telephony solution for organizations that want 
to increase productivity and reduce the costs associated with managing and maintaining separate voice 
and data networks. The flexibility and sophisticated functionality of the Cisco IP network infrastructure 
provides the framework that permits rapid deployment of emerging applications such as desktop IP 
Telephony, unified messaging, video telephony, desktop collaboration, enterprise application integration 
with IP phone displays, and collaborative IP contact centers. These applications enhance productivity 
and increase enterprise revenues.

Figure 1-1 illustrates a typical IP Telephony deployment employing the Cisco IP network infrastructure, 
with Cisco Unified Communications Manager (Unified CM) as the call processing agent.
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Figure 1-1 Typical IP Telephony Deployment

The foundation architecture for Cisco IP Telephony includes of the following major components (see 
Figure 1-1):

• Cisco IP Network Infrastructure, page 1-3

• Quality of Service, page 1-4

• Call Processing Agent, page 1-4

• Communication Endpoints, page 1-5

• Conferencing, Messaging, and Collaboration Capabilities, page 1-6

• Applications, page 1-6

• Security, page 1-8

Cisco IP Network Infrastructure
The network infrastructure includes public switched telephone network (PSTN) gateways, analog phone 
support, and digital signal processor (DSP) farms. The infrastructure can support multiple client types 
such as hardware phones, software phones, and video devices. The infrastructure also includes the 
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interfaces and features necessary to integrate legacy PBX, voicemail, and directory systems. Typical 
products used to build the infrastructure include Cisco voice gateways (non-routing, routing, and 
integrated), Cisco IOS and Catalyst switches, and Cisco routers.

For more information about the IP network infrastructure, see the chapter on Network Infrastructure, 
page 3-1.

Quality of Service
Voice, as a class of IP network traffic, has strict requirements concerning packet loss, delay, and delay 
variation (also known as jitter). To meet these requirements for voice traffic, 
Cisco Unified Communications includes Quality of Service (QoS) features such as traffic classification, 
queuing, traffic shaping, compressed Real-Time Transport Protocol (cRTP), and Transmission Control 
Protocol (TCP) header compression.

The QoS components for Cisco Unified Communications are provided through the rich IP traffic 
management, queueing, and shaping capabilities of the Cisco IP network infrastructure. Key elements 
of this infrastructure that enable QoS for IP Telephony include:

• Traffic marking

• Enhanced queuing services

• Link fragmentation and interleaving (LFI)

• Compressed RTP (cRTP)

• Low-latency queuing (LLQ)

• Link efficiency

• Traffic shaping

• Call admission control (bandwidth allocation)

For more information about QoS, see the various sections on QoS in the chapter on Network 
Infrastructure, page 3-1.

Call Processing Agent
Cisco Unified Communications Manager (Unified CM) is the core call processing software for 
Cisco IP Telephony. It builds call processing capabilities on top of the Cisco IP network infrastructure. 
Unified CM software extends enterprise telephony features and capabilities to packet telephony network 
devices such as IP phones, media processing devices, voice gateways, and multimedia applications.

You can deploy the call processing capabilities of Unified CM according to one of the following models, 
depending on the size, geographical distribution, and functional requirements of your enterprise:

• Single-site call processing model

In the single-site model, each site or campus has its own Unified CM or cluster of Unified CMs to 
perform call processing functions. No voice traffic travels over the IP WAN; instead, external calls 
or calls to remote sites use the public switched telephone network (PSTN).

• Multisite WAN model with centralized call processing

In the multisite WAN model with centralized call processing, the Unified CM cluster resides at the 
main (or central) campus, and communication with remote branch offices normally takes place over 
the IP WAN. If either the central site or the IP WAN is down, the remote sites can continue to have 
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service through a feature called Survivable Remote Site Telephony (SRST). The remote sites can 
also place calls over the PSTN if the IP WAN is temporarily oversubscribed, and you can 
interconnect a number of central sites through intercluster trunks.

• Multisite WAN model with distributed call processing

In the multisite WAN model with distributed call processing, each site has its own Unified CM 
cluster for call processing. Communication between sites normally takes place over the IP WAN, 
with the PSTN serving as a backup voice path. With this model, you can interconnect any number 
of sites across the IP WAN.

• Clustering over the IP WAN

You may deploy a single Unified CM cluster across multiple sites that are connected by an IP WAN 
with QoS features enabled. To provide call processing redundancy, you can deploy backup servers 
either locally at each site or at a remote site across the WAN. Clustering over the WAN is well suited 
as a disaster recovery plan for business continuance sites or as a single solution for small or medium 
sites.

For information on how to apply these deployment models in designing your Cisco IP Telephony 
network, see Deployment Models, page 2-1.

Communication Endpoints
A communication endpoint is a user instrument such as a desk phone or even a software phone 
application that runs on a PC. In the IP environment, each phone has an Ethernet connection. IP phones 
have all the functions you expect from a telephone, as well as more advanced features such as the ability 
to access World Wide Web sites.

In addition to various models of desktop Cisco Unified IP Phones, IP Telephony endpoints include the 
following devices:

• Software-based endpoints

Cisco IP Communicator and Cisco Unified Personal Communicator are desktop applications that 
turn your computer into a full-featured IP phone with the added advantages of call tracking, desktop 
collaboration, and one-click dialing from online directories. Cisco IP Communicator is a 
software-based application that delivers enhanced telephony support through the PC. It is designed 
to meet diverse customer needs by serving as a supplemental telephone when traveling, as a 
telecommuting device, or as a primary desktop telephone. Cisco Unified Personal Communicator 
integrates a wide variety of communications applications and services into a single desktop 
computer application to provide quick and easy access to powerful communications tools for voice, 
video, web conferencing, call management, directories, and presence information.

• Video telephony endpoints

Video telephony capability is now fully integrated with Cisco Unified CM. In addition, 
Cisco Unified Video Advantage brings video telephony functionality to Cisco Unified IP Phones 
and the Cisco IP Communicator softphone application. The video telephony solution consists of a 
Windows-based application and USB camera. Users make calls from their Cisco Unified IP Phones 
using the familiar phone interface, and calls are displayed with video on their PCs without requiring 
any extra button pushes or mouse clicks.
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• Wireless endpoints

The Cisco Wireless IP Phone 7920 extends the Cisco family of IP Phones from 10/100 Ethernet to 
802.11 wireless LAN (WLAN). The Cisco Wireless IP Phone 7920 provides multiple line 
appearances with functionality similar to other Cisco Unified IP Phones. In addition, the Cisco 
Wireless IP Phone 7920 provides enhanced WLAN security and Quality of Service (QoS) for 
operation in 802.11b networks, and it provides support for XML-based data access and services.

For more information about the various types of endpoints, see IP Telephony Endpoints, page 20-1.

Conferencing, Messaging, and Collaboration Capabilities
Cisco Unified Communications supports the following additional features and applications to provide 
conferencing, voice messaging, and multi-media collaboration functionality:

• Conferencing

Cisco Unified CM can interface with a number of other Cisco software and hardware devices to 
provide complete conferencing capability, including annunciator functions and music on hold. For 
more information about designing and provisioning conference capabilities in Unified CM, see 
Media Resources, page 6-1.

• Voice messaging

Cisco Unified CM is capable of integrating with third-party voicemail systems and with Cisco Unity 
and Unity Connection to provide a full range of voicemail and voice messaging functionality. For 
more information about integrating third-party voicemail systems with Unified CM, see Third-Party 
Voicemail Design, page 12-1. For more information about integrating Cisco Unity and Unity 
Connection with Unified CM, see Cisco Unity, page 13-1.

• Video telephony

Video telephony capability is now fully integrated into Cisco Unified CM, and there are also new 
video endpoints available from Cisco and its strategic partners. Video calls and conferences are now 
just as easy to make as a voice call on an IP phone. For more information about video capability with 
Unified CM, see IP Video Telephony, page 16-1.

• Multi-media collaboration

Cisco Unified MeetingPlace is a complete rich-media conferencing application that integrates 
voice, video, and web conferencing capabilities to make remote meetings as natural and effective as 
face-to-face meetings. For more information about integrating MeetingPlace with Cisco 
Unified CM, see Cisco Unified MeetingPlace Integration, page 14-1.

Applications
Applications build upon the call processing infrastructure to enhance the end-to-end capabilities of 
Cisco IP Telephony by adding sophisticated telephony and converged network features such as the 
following:

• IP Phone Services

Cisco Unified IP Phone Services are applications that utilize the web client and/or server and XML 
capabilities of the Cisco Unified IP Phone. The Cisco Unified IP Phone firmware contains a 
micro-browser that enables limited web browsing capability. These phone service applications 
provide the potential for value-added services and productivity enhancement by running directly on 
the user’s desktop phone.
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• Extension Mobility

The Cisco Extension Mobility (EM) feature enables users to configure a Cisco Unified IP Phone as 
their own, on a temporary basis, by logging in to that phone. After a user logs in, the phone adopts 
the user's individual device profile information, including line numbers, speed dials, services links, 
and other user-specific properties of a phone. The EM feature dynamically configures a phone 
according to the authenticated user's device profile. The benefit of this application is that it allows 
users to be reached at their own extension from any phone within the Cisco Unified CM cluster, 
regardless of physical location, provided the phone supports EM.

• Cisco Unified Communications Manager Assistant

Cisco Unified CM Assistant is a Unified CM integrated application that enables assistants to handle 
incoming calls on behalf of one or more managers. With the use of the Unified CM Assistant 
Console desktop application, assistants can quickly determine a manager's status and decide what 
to do with a call. Assistants can manipulate calls using their phone's softkeys or via the PC interface 
with either keyboard shortcuts, drop-down menus, or by dragging and dropping calls to the 
managers’ proxy lines.

• Attendant Console

The Cisco Unified Communications Manager Attendant Console (AC) application enables a 
receptionist to answer and transfer or dispatch calls within an organization. The attendant can install 
the attendant console, a client/server Java application, on a PC that runs Windows 2000 or Windows 
XP. The attendant console connects to the Cisco Unified CM Attendant Console Server for login 
services, line state, and directory services. Multiple attendant consoles can connect to a single AC 
server.

• WebDialer

Cisco WebDialer is a click-to-dial application for Cisco Unified CM that enables users to place calls 
easily from their PCs using any supported phone device. There is no requirement for administrators 
to manage CTI links or build JTAPI or TAPI applications because Cisco WebDialer provides a 
simplified web application and HTTP or Simple Objects Access Protocol (SOAP) interface for those 
who want to provide their own user interface and authentication mechanisms. Either way, the 
solution scales to support the entire Unified CM cluster with full redundancy.

For more information about these applications, see Cisco Unified CM Applications, page 22-1.

In addition to the preceding applications for enterprise telephony users, Cisco mobility applications 
provide the ability to deliver features and functionality of the enterprise IP Communications 
environment to mobile workers wherever they might be. Mobility functionality delivered within the 
Cisco Unified Communications solution is provided via the Cisco Unified Mobility application server.   
The Unified Mobility server communicates with Cisco Unified CM via the Java Telephony Application 
Programming Interface (JTAPI) and AVVID XML Layer (AXL) and provides the following mobility 
application functionality:

• Mobile Connect

Mobile Connect or Single Number Reach provides Cisco Unified Communications users with the 
ability to be reached via a single enterprise phone number that will ring on both their IP desk phone 
and their cellular phone simultaneously. Mobile Connect users can pick up an incoming call on 
either their desk or cellular phones and at any point can move the in-progress call from one of these 
phones to the other without interruption.
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• Mobile Voice Access

Mobile Voice Access or Enterprise Dial tone provides mobile users with the ability to make calls 
from their mobile phone as if they were calling from their enterprise IP desk phone. The feature 
provides a cost savings in terms of toll charges for long distance or international calls, and it 
provides the enterprise with an easy way to track phone calls made by employees via a uniform and 
centrally located set of call detail records.

For more information on Cisco Unified Mobility, Mobile Connect, and Mobile Voice Access, see Cisco 
Mobility Applications, page 23-1.

Security
Security for a Cisco Unified Communications deployment involves the following main considerations, 
among others:

• Physical security for restricting physical access to important application servers and network 
components

• Network access security to prevent hostile logins or attacks

• Security measures for Cisco Unified CM, endpoint devices, and various directories and databases

• Mechanisms for defining calling privileges for various classes of users

• Careful network design and management to enhance security

For more information about security for IP Telephony networks, see Voice Security, page 19-1.
1-8
Cisco Unified Communications SRND (Based on Cisco Unified Communications Manager 5.x)

OL-10030-08


	Introduction
	Overview of Cisco Unified Communications
	Cisco IP Network Infrastructure
	Quality of Service
	Call Processing Agent
	Communication Endpoints
	Conferencing, Messaging, and Collaboration Capabilities
	Applications
	Security




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /All
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveEPSInfo true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputCondition ()
  /PDFXRegistryName (http://www.color.org)
  /PDFXTrapped /Unknown

  /Description <<
    /FRA <>
    /ENU (Use these settings to create PDF documents with higher image resolution for improved printing quality. The PDF documents can be opened with Acrobat and Reader 5.0 and later.)
    /JPN <FEFF3053306e8a2d5b9a306f30019ad889e350cf5ea6753b50cf3092542b308000200050004400460020658766f830924f5c62103059308b3068304d306b4f7f75283057307e30593002537052376642306e753b8cea3092670059279650306b4fdd306430533068304c3067304d307e305930023053306e8a2d5b9a30674f5c62103057305f00200050004400460020658766f8306f0020004100630072006f0062006100740020304a30883073002000520065006100640065007200200035002e003000204ee5964d30678868793a3067304d307e30593002>
    /DEU <>
    /PTB <>
    /DAN <>
    /NLD <>
    /ESP <>
    /SUO <>
    /ITA <>
    /NOR <>
    /SVE <>
  >>
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


