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Agenda

= What is Presence

= SIP/SIMPLE

= Cisco Presence Server
= What is Telepresence?

= Design Rules (as we know them today)



What: Presence Awareness

What is “Presence”?

Information about a person’s
willingness and availability to
communicate

Examples of presence in action today
IM “Buddy List” status indication

“Busy” tone on traditional phone

Contact Center Agent status

Publish / Subscribe

Clients publish presence information to other users who are called
subscribers

MPOQOP, Federation and “Presence by Observation”

Combining presence information from multiple devices and making this
information available for other applications



SIP & SIMPLE




SIP / SIMPLE

= SIP for Instant Messaging and Presence Leveraging Extensions
= SIMPLE is defined in additional RFC documents

RFC 3428, Session Initiation Protocol (SIP) Extension for Instant
Messaging

= RFC 3856, A Presence Event Package for the Session Initiation
Protocol (SIP)

= RFC 3857, A Watcher Information Event Template Package for the
Session Initiation Protocol (SIP)

= RFC 3858, An Extensible Markup Language (XML) Based Format
for Watcher Information



Presence Components

ENTITIES ACTIONS
= PRESENCE SERVER = SUBSCRIPTION
accepts, stores, and distributes the information kept by the PRESENCE
PRESENCE INFORMATION SERVEtIt? abbout ?fsg fSChRIBER's "
_ request to be notified of changes in the
= PRESENTITY (presence entity) PRESENCE INFORMATION%f one or
provides PRESENGE INFORMATION to more PRESENTITIES
a PRESENCE SERVER = NOTIFICATION
= PRESENCE USER AGENT a message sent from the PRESENCE
means for a PRINCIPAL to manipulate %EBeViISCa ctr?a% SeU il?]StEeRFI)I??EERS\év“%nE
one or more PRESENTITIES INFORMATION of some PRESENTITY
= WATCHER = PUBLICATION
requests PRESENCE INFORMATION .
ab%ut 2 PRESENTITY from the An unsolicited message sent from the

USER AGENT whenever a status

PRESENCE SERVICE change ooours



Presence Definitions

IM/Presence Federation

Model in which presence data and IM are shared openly between two
different presence servers that manage different domains, similar to
the email model we use today.

Persona

Modeled after a human user that may have any number of devices or
applications with presence information concerning the user. A persona
also has associated rules/policy that apply to modify/limit access or use
of the presence information.

Reachability

Overall status of the persona determined by matching the presence
state to the defined reachability rules (vacation, out-of-office, busy,

interuptible but busy, available, unavailable, Do Not Disturb (DND),
unknown)

Visibility
A specific view of presence information that is available to a watcher.
This is governed by applying the rules.



Presence Definitions

= Authorization

Process of determining what presence information (if any) a
specific watcher is allowed to access about a user.

= Composition

Process that produces a “raw” presence document based on
the set of gresence that was collected. Composition is
Poverned y rules defined in the composition policy, which are
Inked to the authorization. These rules may be complex, and
consider aspects such as correlation, conflict resolution,
merging and splitting.



Presence Definitions

= Presence Rules/Filtering

Privacy-based: Process by which information in the “raw” ﬁresence
document is removed or transformed for the purpose of wit holdinéq
sensitive information about the presentity. These rules are defined by
the presentity, and may be applied to a particular watcher or set of
watchers, or based on other types of input.

Watcher-based: Process by which further information is removed from
the document based on input from the watcher on what type of
information it is interested in.

= Presence Routing Rules

Rules that affect the routing of multi-modal communication, that are
presence enabled.



RFC 2778: A Model for Presence and IM

Data Store

RFC 2778 defined a Watchers
model for building “
presence services

Fetcher
/Poller

Publish

Presentities

Presence Not'fy

Service N,
otif,

Subscnberé

//ﬁ \



RFC 2778: A Model for Presence and IM

Data Store

= Presentities publish
and changes to their
status to the
presence service.

= This Information will
be held in the
presence service
data store.

L=
Publish T
—

Presentities

Presence
Service



RFC 2778: A Model for Presence and IM

Data Store

A

Subscribers will subscribe
to presence updates for
Presentities

Publish
—

Presentities

Sy,
) W
Presence

Service

Subscriber



RFC 2778: A Model for Presence and IM

Data Store

Subscribers will subscribe
to presence updates for
Presentities
Updates are delivered via
Notifies
AN
Publish | 1

Presentities

Presence Notify
Service

Subscriber



RFC 2778: A Model for Presence and IM

Data Store

A Client may have multiple
roles in the Presence
deployment

Presentity _
+ Subscriber Presence

Service

Subscriber
+ Presentity



RFC 2778: A Model for Presence and IM

Data Store

Watchers

Fetcher
/Poller

Publish

A Fetcher/Poller is also a
watcher but requests a

Feesence current snapshot of

presentites status

Presentities



A Model for Presence and IM

Data Store

Presentities can be different
device types

Publish
Application Phones RFID!

Presence

A Presence service can combining presence Service
information from multiple devices and making this
information available for other applications



Presence Service Functions

Rules and
Preferences
Applied

A

Presence IR
> Engine e
1 Status Request Status Response 5

Receives Status Request

2. Accesses Databases: Unifies all data associated to a user, including sourced (directories), provisioned
(application specific) and dynamic (preferences)

3. Aggregates Status : Collects all status of a user to provide a single point for the definitive status of that
user, including all devices/apps of the user

Applies Policy: Negotiates Subscriber data with Watcher request to yield appropriate presence

5. Sends Status Response



Federation

Domain
3

Federation Provides
inter-domain
communication for
Presence and IM

Presence
Service 9y3| Proxy

Domain 1 Domain 2
_‘ Internet

Proxy

Proxy

Presence Presence
Service Service




Cisco Presence Server




Cisco Unified Presence Server
Functionality

1. Provides enhanced User-based Presence capabilities
leveraging dynamicsoft Presence technology

2. Supports Rich Presence services for both Cisco
enterprise products and customer enterprise desktop
applications

3. Provides IP phone Messenger Application

4. Provides the infrastructure for the Cisco Unified Client



Cisco Unified Presence Server:
Cisco Unified Personal Communicator

Powerful productivity tools in a single, easy-to-use desktop software application

o

CallManager 5.0

IP Communications System

Adaptive User Interface
Presence-enabled

Call, Collaborate, Escalate
Desktop Video Calling

Unity Connection 1.1
Intelligent Voice Messaging

3UEr |0 Dierarlime

s | & DOanen lack._ Today 2.30pm
+@& | m— 4153451232 Today 230pm
& rm 4153451232 Today 12.13p..
+& 1l = HKaren Harvey 01/03/05 1.5.
<@ @w— DariendJack. 00305 1.5. ..

riesence Application

Services
Reachability, State, Services

MeetingPlace Express
Web Collaboration



Cisco Unified Presence Server:
LCS 2005 and MOC integration

]

= Implements CSTA to CTl bridge to | == "_
integrate with existing LCS 2005
interfaces

* Provides click-to-dial, phone hook
status reporting and general
phone control from MOC client

= Will migrate over time to a pure
SIP solution for better scalabilit

fgw

MS Office Communicator
user with Cisco IP Phone

&, cal - | Details fctions =




Cisco Unified Presence Server:
Lotus Sametime 7.5 Integration

= Connection to Sametime 7.5 via
Sametime 7.5 Real-Time
Collaboration Gateway

= Provides click-to-dial, phone hook
status reporting from Sametime
client

= Uses SIP/SIMPLE connection
today.

Lotus Sametime 7.5 user
with Cisco IP Phone



Cisco Unified Presence Server:
Internal Architecture

IP Phone CSTA/ CTI APPLICATIONS
Messenger Gateway

CORE PRESENCE
AND PROXY

| _ FUNCTIONALITY AND
] Enterpri
presene Eng I I INTERFACES

CALLMANAGER 5.0
Enterprise Integration Layer INFRA-STRUCTURE
Operating System,
Licensing Install Directory  Security Serviceability, Security,

Administration, Database,
Licensing, Installation

Cisco Voice Operating System




Overview — System Message Diagram
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CUPS by the numbers

= Today we can have a primary and secondary server
(not clustered).

= Scale to support 2,500 hardphone controlling clients
(on each server). Is improving in subsequent releases.
The limitation is the CTI link from CUPS to the
Callmanager.

= Have traffic profiles for registration and different call
flows available if required.



Cisco Unified Presence Server

a Cisco Unified Presence Server Console - Microsoft Internet Explorer provided by Cisco Systems, Inc. - |E||i|
J Fil=  Edit Wiew Faworites  Tools  Help ‘ -:,'
N A = M ' =3 m! ‘
J @ Back - .d - \ﬂ @ Ll:] ‘ /_j Search ‘-5'_6-‘ Favarites ﬁ‘} | [\: i n ® J @!5 ﬂ @ ‘3
J.ﬂgdress I@ https:/i10.52,201, 17 fccmadmingshowHome, do j Go |J @ -

Mawigation I Cisco Uniﬂedil

Cisco Unified Presence Server Administration Fror cisco 1P Telecommunication Salutions

System - Cizco Unified Presence Server = ASpplication = User Management = Bulk Administration = Help =

Cisco Unified Presence Server Administration

System version: 5.0.1.84-25
Administration version: 1.1.0.0-1

Copyright € 1999 - 2006 Cisco Systems, Inc.
Al rights reserved.

This product contains cryptographic features and is subject to United States and local country laws governing import, export, transfer and use, Delivery of Cisco
third-party authority to import, export, distribute or use encryption, Importers, exporters, distributors and users are responsible for compliance with U5, and loc
vou agree to comply with applicable laws and requlations. If yvou are unable to comply with 0.2, and local laws, return this product immediately,

A summary of 1.5, laws governing Cisco cryptographic products may be found at: http: Afwww  ciscocomwwl e x port/cryptoftoolfstqro . bkl
If you reguire further assistance please contact us by sending email to export@cisco,com,

o
1| | »

(3] LT TS e e 4




SUBSCRIBE Calling Search Space

= SUBSCRIBE messages with presence event package
(Event: presence) are “routed” just like regular calls

= SUBSCRIBE CSS is associated with the watcher and
lists the partitions the watcher is allowed to “see”

= Allows the presence feature to work transparently
through translation patterns and normal CSS
functionality

= Devices and users can be assigned a SUBSCRIBE
Calling Search Space



Presence Groups

= Controls the destinations that watchers can monitor

= Devices, directory numbers, and users can be assigned
to a Presence Group

By default all users get assigned Standard Presence Group

* Inter-Presence Group Subscribe Policy



Presence Policy Configuration

= |nter-Presence Group subscribe policies:

Clusterwide Parameters({System - Presence)

Presence Subscription Throttling Threshold * |9EIEIDEI 90000

Presence Subscription Resume Threshold * |BEI B0

Default Inter-Presence Group Subscription * Disallow Subscription j Disallow Subscription
[ Allowe Subscription '

—Presence Group Information
Mame®*

|E}{ecutives
Descriptiunl

—Presence Group Relationship
Presence Group

Contractors

Employvees

Subscription Permission
Disallow Subscription
Allow Subscription

MOTE: Presence Groups(s) not displayed Ise System Default

— Maodify Relationship to Other Presence Groups
Presence Group

Subscription Petrmission
Contractars Use System Default j
Employees Use Systern Default
Standard Presence group

Ao Subscription
Disallow Subscription

= Sauel Delete | Capy | Add Mew




..
Presence Policy Configuration

(continued)
=  SIP Trunk Security Profile

— SIP Trunk Security Ikﬁufile Information

* .
Marme |Ei|gEastF'resen|::e
Description |CUPS prafile
Device Security Mode |N.;.n Secure

Incoming Transport Type* |TCF"+UDF'

KN | KN

Cutgoing Transport Type ITCp

[T Enahle Digest Authentication
MNonce Walidity Time (miHSj*IEDD

¥.509 Subject MName I

Incoming Port* |5EI?'EI

[T Enahle Application Level Authurizatiun\

¥ Accept Presence Subscription

Check to accept presence requests from an external
application. Must be used with Digest Authentication.

. Savel Delete | Chpy | Reset Add Mesw |

Check to enable incoming presence requests




Cisco Unified Presence Server:
IP Phone Messenger

= Unified Client users see other user’s
IP phone’s on/off hook states

= Users can send or reply to messages
from their IP Phones using predefined
templates or
composing text messages

= Users can call back IM senders by
hitting 1 button.

= Implements presence enabled
contact list on the phone

= Will also integrate with other IM
clients and presence sources beyond
CUPS 1.0




Summary of Presence Server

= |P Phone Messenger
Integrated IM capability within Cisco IP Phones

= Proxy Functionality
Based on Cisco SIP Proxy Server providing proxy of presence functions only

= Presence Engine Functionality
Data store and Presence Aggregator providing enhanced user based presence capabilities

= SIMPLE Network Interface

IETF Standard interface to pass/receive Presence information

= Cisco Unified Personal Communicator Support

Provides configuration profiles for LDAP, Proxy, MeetingPlace, Unity, and CTI Gateway
using SOAP interface

* Click To Dial / Phone Monitoring interoperability with Microsoft LCS 2005 / Office
Communicator

CSTA to CTI gateway to support functionality of MOC



]
Cisco Unified Presence Server 1.0:
Key SIP Related RFCs and Drafts

= RFC 3261 — core SIP rfc = RFC 2778/2779 — SIMPLE
= RFC 3263 — SIP Servers = RFC 3856 — Presence Event
Package

= RFC 3265 — Subscribe / Notify
= RFC 3325 — Asserted Identity
= RFC 2782 — DNS SRV

= RFC 3857 — Watcher Info

= RFC 3858 — Watcher Info Format
= RFC 3863 — PDIF

= RFC 3903 — PUBLISH Method

= RFC 3428 — MESSAGE Method

= RFC 3680 —Registration Event
Package

draft-ietf-simple-event-list, draft-ietf-simple-rpid, draft-ietf-simple-
prescaps, draft-levy-sip-diversion, draft-dcsgroup-sip-privacy



Cisco Unified Personal

Communicator




All-in-One Communication Tool

Voice, Video, and Emai File ‘“dew Contactz Communication Help

Presence Q060
M Avaiable v )

(=) Contacts View &l | ¥ )

Voice Mail Playback | @ Robert Frank

W Sales Team
Houston Group
Anne Gillman
Christopher Gilman
Kim Hanzen

Roza Estade
Tamimy Caldweell

Preferred Device

'

B8

Contact lists

BEEEE

Unified Personal Communicator

IleTvee@ |

¥ Aspen Group
Document Sharing |8 Friward oo Y
(—) Recent View All | ¥ )
. 10 Diate Time - |
Conferencing «lE | Darien Jackson 01/42/06 4:29 PM
B e M5 345 1232 MA206 4:29 PM
Directory Searches 1 % 53451232 0112006 4:29 PM
o= G karen Harvey 012006 4:29 Ph
. . Search Directary | ¥ )
Communication LOgS @ P

Judy Brown -_}’,l X)

Hame Phone Mumber

B Judy Brown 405 973 2541
@ Caonnected I8 Desk Phone

b S




Cisco Unified Personal Communicator
General User Interface (Mac OSX platform)

& CiscolPC -
| Automatic v I8 @0 [B] ' Q Search

= The interface has the same
components, but uses the

standard OSX elements Vewar )

Status  Name Preferred
v General

k) David Bieselin [ {

u Joe Burton L1l

= Aris [ ]

&= Christopher Cullin m

[~ Andrew Francke [

_ Conversationwith 97626021 W L E =

A Christine Phillips [ ]

—_— = Mirosiav Polakovic o

97826021 o Philip Sherburne [ ]

Fhone: B7826021 - Brian Toomhs o

|| CarReiting., = Tom Wesselman [ ]

{ Wiew All e }
Type Name Date Duration




Cisco Unified Personal Communicator
High Level Network Overview

Cisco Call Manager Unity Connections Voice Mail

QBE (CTI Mode)

W
— TFTP (CTLFile)
TFTP ER‘N

@ J SIP (presence)
HTTPS (adhoc sched.) L

MeetingPlace Express fi Cisco Unified Presence Server

D

LDAP Directory Server



Microsoft Office Communicator




How do Microsoft describe
Microsoft Live Communication Server

=181 x|

= Microsoft® Office Live
Communications Server 2005
provides a stable, extensible,
enterpri_se-readgl IM (instant
messaging) and presence awareness

latform based on the SIP (Session

nitiation Protocol) and SIMPLE (SIP
IM and Presence Leveraging
Extensions) standards. Live
Communications Server 2005 also
supForts audio and video exchange,
application sharing, and data _
collaboration on a peer-to-peer basis.

= LCS runs on Windows 2003 Server
= LCS may require MS SQL Server
= LCS does require Active Directory




Example Deployment

Dlrector

II I: \\\

Remote Branch LCS LCS
Office Access Proxy @ Pool

: SQL Server :

3 i / I >\4
o = =

LCS Server LCS i i

LGS Server LGS Server LGS Server

v

Load
Balancer

Publlc ]
'\

Federated 4/ Corporate Network
_Users

/‘

l:
Windows Microsoft SIP LCS Berver Exchange | 08 Servar SQL server
Messenger Office PSTN
5.1 Communicator LCS Exchange Address LCS
cateway  proxy Book Archive

Server Server



Microsoft Office Communicator

& Microsoft Office Communicator |Z||E|rz|

Connect  Contacts  Wiew  Actions  Help [ A user Can use OfﬂCe
& BryanMorris ~ .
onine Communicator to start an

Call Forwarding: QFF

ot D : - audio / video
conversation with another

All Contacts (1/3) . user using the
| @ Tobias Neumann online | M|Crophone and Speaker
Jan Willem Ruys Cfflire |._:] Send an Instant Messags, . . .
Zorela Sora Offliree &, cal N O n th e I r WO rkStat| O n
=1 Zend E-Mail... ]
ere » = Alternatively MOC can be
193 Centac used to remotely control
=] Properties Alt+Enter .
Bock a physical telephone
@ Tobias Neumann — Orline u Si n g S I P/CSTA
EnEumanni@lat. net
Rermove from Group Dieleke
Remove From Contack Lisk Shift+Delete
% Cal - || Details Actions -




MOC Telephone Integration

[Z][E][g] = Make Call/Click to Call

"% Bryan Morris - Conversation

File Edit Actions Tools Help = Answer CaII
&5 D@: g@ ‘3 |E:J " CIear/Hang-up Call
e — = Deflect Call
Participants (2}
= Hold Call
& Tobias Neumann
@Brvan Marris n Slngle Step Transfer

= Retrieve call
= Generate DigitDTMF
= Reconnect Call

Instant Message

Phone Controls

= Set Forwarding
= Set Do Not Disturb
= Get Forwarding
= Get Do Not Disturb

Calling 3021... 00:00:00

MOC VOIP Feature MOC TDM/IP PBX



MOC Incoming Call Management,
Forwarding and Mobility

& Microsoft Office Communicator, |Z||E|E|

= Bryan Morris

Connect  Contacts  Yiew  Actions Help

@ Tobias Neumann »

Cnline
Zall Forwarding: Off
Accept call From
Work: 3021

All Contacts {3,/3) i
& EBrwan Morris Inacal F|:||"|."'.'EI|"|:| to: Home -
e Jam Willerm Ruys Banay .
@ zorela sora Suay n‘-—:l_l |:I|‘TI'IIII|"I"IE@|-EI|:I ek

= When Phone integration is
configured MOC will alert a

subscriber of incoming
calls.

Click a contact ko view more information,

&y Cal - (=] Details Ackions -




Application integration

Inbox - Microsoft Outlook

Ay

¥

From: Bryan Marris 2

e Sent: 12 April 2005 17:39 @
=il To: Tobias Meumann ¥

i Fle Edit ‘Wiew Go Tools Actions  Help Tvpe a question For help
e ll Type a contact to find = | (@)
Tobias Meumann is Cnline
Favorite Folders Arranged B %i Free for next 6 hours |.ﬁ. on top ~
L:l Inbox (56} > DFfice Location Mok &vailable
| tivead Mad =l Bryan M call »
L::"; g:;;?:iﬂr:zm = E;’;l‘znp 54 Send Mail {tneumanni@lab, net) ST £ |
A Caners ¥ S Send Instant Message..
= ‘@ Mailbax - Tobias Neurn: ™ ollilull e el R
% ?;iui B .E_"%1 Add to Outlook Contacts. .. e - e S
i; unk E- "' i = =182 Lookup Outlook Contact, . e izl RO
% Jouur:;; : =lgend | M . | [ . Cutlook Properties. ., AT |.HTML =
[ Sent Itel i To... IMW |
—— e, | |
4 Mail .
H—h 5u1;§a;3:r |F'-.-'-.-': Hello Warld |
HHH _l:al&r_lda:.-




MOC/LOC Telephone Integration

CUPS LCS
CTIGW Server

Call Manager 5
CTIl Manager

«‘_‘+

SIP/SIMPLE
(CSTA)

' I LCS Server

TCP or TLS

CTI- QBE

*® Bryan Morris - Conversation
Tools  Help

& [F2 =@ @

File Edit Actions

Participants (2)

@ Tobias Neumann

: 2itss, @ Eryan Marris 4
Sulg)rs]crlber stant Message Microsoft
one . Office

Communicator

Calling 3021... 00:00:00




CSTA Communication

C

SIP INVITE
CSTA RequestSystemStatus

SIP 200 OK
STA RequestSystemStatusResponse

ACK

(Sequence of SIP INFO
with CSTA messages)

CTI
Gateway

U )




CUPS - CTIGW

=)

: Microsoft Live
e Communication Svr

----------------------------------------
¢¢¢¢

Cisco Unified
Presence Server

s, Cisco Unified
4K can Manager 5

Sync
: AXL SOAP
ECaII Manager Active

Database IPPM Directory

o, o
O .
----------------------------------------

Presence Engine

4 ) C SIP Proxy h
. . %IP I_’r:)xy ' ' Registrar
egistrar
CTI Manager CTI QBE SIP/SIMPLE
CTI-GW L™ g y
S S 7
* App User is a member of * The CTIGW is a module of * End User must exist in
Standard CTI Enabled User Group the SIP Server. both Active directory and
Standard allow control of all Devices . Call Manager for Phone
“End U th * CUPS syncs it’s database Control
nd Hsermust nave 4 to Call Manager :

device association



IBM Lotus Sametime 7.5




How do IBM Lotus describe
Sametime 7.5

= |IBM Lotus Sametime provides instant,
anytime access to people and
information through three on demand
concepts: presence awareness, business
instant messaging and Web
conferencing. Millions of people
worldwide use Lotus Sametime o
capabilities every day to gain instant TIEF (L2W) docomonceaor
access to people and information, bring are needed to see this picture.
together geographically dispersed teams
and improve individual and team
productivity.

= Lotus Sametime now uses audio
integration from leading teleconferencing
and telecommunications providers to
offer a single interface to both audio and
Web conferencing, as well as click-to-call
functionality directly from the Lotus

Sametime Connect Client. QuickTime™ and a
TIFF (Uncompressed) decompressor

are needed to see this picture.



IBM Lotus Sametime 7.5 Features

= The provide multiple methods of
communication including:

Instant Messaging
Voice (Softphone)

QuickTime™ and i I
TIFF (LLQ(\:N) gggom%?eszor VldeO (USIng PC Camera)
are needed to see this picture.

Web Conferencing
Application Sharing
White Boarding

QuickTime™ and a
TIFF (Uncompressed) decompressor
are needed to see this picture.



CUPS - Sametime

va

{ on

Cisco Unified
Call Manager 5

2 -

AV

Database

----------------------------------

-------------------------------------

SIP Trunk

Call Manager

=)

AXL SOAP

SIP

G

G

Cisco Unified
Presence Server

Sync
Agent ~

IPPM

Presence Engine

& SIP Proxy
Registrar
*SIP/SIMPLE Connectio

M

SIP/SIMPLE

* CUPS syncs it’s database

to Call Manager

Time Collaboration

Gateway
User
Object
4 )
SIP Gateway
J




TelePresence
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Cisco TelePresence




Cisco TelePresence — Complete Solution

- e e T
. Ry i ST R
*E 1
e s
== II‘-"- |I L |
-

Cisco TelePresence
Calendar Scheduling

Cisco TelePresence
Endpoints

' .- 7 I II"--._'.:;I
' Services

Cisco TelePresence Cisco TelePresence Endpoints

High Definition Network NAT/FW
Video Switch




Designing Cisco TelePresence

Virtual Table
12 participants

Eye Contact

Cameras built for eye contact

Multiple Cameras
Captures the entire room
CD Quality Spatial Audio

Designed for TelePresence —
Left, Center, Right

Ultra High Definition Video 1080p

SIP & H.264 Highest quality &
Lowest latency in the industry




Cisco TelePresence CTS 3000

3 - Cisco Codecs
720p & 1080p
3 - Cisco Cameras

1080p Unique form factor

3 - Cisco Microphones
GSM Cell Phone RF filter

Cisco Unified CallManager
Integration

Configured like IP phone
Purpose Built Table

Designed for TelePresence —
Ethernet & Power

3 - Cisco 65” Displays & Graphics
Projector

Enhanced for TelePresence,
Latency reduction



Cisco TelePresence CTS 1000

1 - Cisco Codec
720p & 1080p
1- Cisco Camera

1080p Unique form factor

1 - Cisco Microphone
GSM Cell Phone RF filter
Cisco Unified CallManager Integration

Configuration & installation is like
IP phone

1 Cisco 65” Display & Stand

Enhanced for TelePresence, Latency
reduction




User Interface is Simple

*One button to push from Exchange Calendar
*Daily room schedule from Groupware apps

XML application on Cisco Unified IP Phone 7970G
*Technology friendly — no 37 button remote
«Concierge services are available

9:00 oM TSEU Staff Meeting, Phil Grabam

2 Hour, |D# 356 )

11:008M Custormer Briefing, Randy Harrell
1 Hour, |D# 236

Meeting [0 6
TSBU Staff Meeting
Start Tirne: 3:00 AW

Ouration : 2 Hours
Coordinator:?hil Grabam

Sites: Sudden Impact Roon, SJC,C0
Magrum Force Room, SJC ,C0
Required Mtendeses: Rich vales
Marc: Richman
Kris Junn

1:20 PM 2-0 Im=zging Derno, Mare Richman
1.3 Hour, 10# 333

4:00 FM Telepresence Derno, Randy Harrel |
1 Hour, |D# 238

® © 0

© ©

J




Room Design




Cisco TelePresence CTS 3000




Room Specifications — “Triple”

«20° X 15’ room
minimum

8’ to 10’ ceiling

*Requires an 15’

HVAC system
that can cope
with 26000 BTU

8 A
AlTTEITTTEEEaEE;ETSOEETESESSSSSSSSSsSSEsENEsNSSSsSESsSsnsSE=n:n S ;= =w™»»

< > L LLLLLL LU LEL L UL L]

A
Door Location Minimum Room dimension Network and Power access



Room Specifications “Lighting”

Ships with built-in point
lighting sources

Designed to work in a
normal conference room
lighting

Single source well
dispersed light should
be centered over the
table (Shown in blue)

Light arrays should not
be centered over the
displays

Back wall behind users
should be warmer earth
tones. Cisco will
designate color

Blackout curtains
should match viewing
wall colors

20°

A

Y,

\&mmmmmmmmmmmmmmmm :

15’




Room Specifications “Acoustics”

8 to 10’ ceiling

Standard
business office
ceiling tiles

Carpeted floors

Normal drywall
room surfaces

e

Y,




Device Interaction




Protocol and Device Interaction - Codec

* The Codec is the “Workhorse” of
the Cisco TelePresence solution
(Linux)

* Operates just like a Cisco IP
Phone:

CDP and 802.1Q for VLAN
assignment

DHCP and TFTP for
configuration and firmware

SIP for signaling to Cisco Unified
CallManager

XML for making/terminating
scheduled and ad hoc calls

Secondary Codecs are
“invisible” to the network. They
process video and send it to the
Primary Codec. Primary Codec
multiplexes video into a single
RTP stream

CTS-Codec
Primary
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Protocol and Device Interaction —

7970/7971

* One Cisco Unified IP Phone 7970 or
7971 per Cisco TelePresence endpoint
— connected to Primary Codec

* Receives 802.3af PoE from Primary
Codec. Primary Codec passes CDP,
802.1Q between the phone and the
network.

- XML touch screen interface used to
place and receive scheduled and ad
hoc calls. XML screens are generated
by Primary Codec.

* Audio is captured, multiplexed, and
delivered as a single standard rtp/udp
stream by the Primary Codec — audio
on IP phone is only used when making
regular voice calls.
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Protocol and Device Interaction —

Cisco TelePresence Manager

CTM provides the scheduling and management of Cisco
TelePresence endpoints. Interacts with Microsoft Exchange
(LDAP/WEBDAV), Cisco Unified CallManager (AXL/SOAP,
JTAPI) and the Primary Codec (XML, SNMP).

C1sco SYSTEMS il
Cisco TelaPresence Manager admin | Logout | Help | About

Host: tsbu-sres System Information

@ svystern Information SKU: CTS-MANL.0

™ Support Hostnarne: tshu-sres

[;] BechoarE IP Address:

[3;| Scheduled Meetings

=z Subnet Mask: 255.255.255.0

mf ROooms

<2 Cisco CallManager MaC address: O0:16:35:69:6c:5h
w Systern Configuration Hardware Model: F835H

{ﬂg Security Settings Software Wersion: 1.0.0.0 (216)

[# Database QS Yersion: UCos 2.0.1.1-1

=2 e —

35 Microsoft Exchange

[ LOAR Server ’

% Cisco CallManager

& Concierges ActiveDirectary [zo0a, 2003] 2003

ke

. N EC hent CiscoCallManager [5.0.1, 5.0.2, 5.0.3] 5.0.4.,1000{1)

& system settings Exchange [6.5.6944, 6.5.7226, 6.5.7638] 6.5, 7658

(%Y Software Upgrade
w Troubleshooting

@ System Errors

@\ Log Files

Product Mame Supported Ackual

System Status

|*

Today's Meetings:
with Error: [ o
In Progress: [32} 1
Scheduled: (5
Other Errors: Q 205

I@ Clone

(4]

2 @ Internet I




Network Configuration — The Basics

« 797x IP Phone plugs into Primary Codec.
Primary Codec supplies PoE to the phone.
Only Primary Codec plugs into network.
Secondary Codecs are invisible to the
network and to Cisco Unified CallManager.

« Primary Codec uses CDP and 802.1Q for Network MUST be
placement in the VVID. CDP and 802.1Q/p are  Provisioned for QoS with a
passed between the phone and the network.  ™Minimum bandwidth 45Mbps
Network switch sees two CDP neighbors on
the port.

* Primary Codec uses same DHCP/TFTP
process as Cisco Unified IP Phones.

* Primary Codec uses same SIP signaling as
Cisco Unified IP Phones. Appears to
CallManager as a SIP endpoint.

- Everything communicates over IP.



Network Configuration — Switchports and
VLANSs

Phone and Codec both reside on the VVLAN.
Codec passes 802.1Q tags between the phone and Network.

PC behind the phone is supported, but not necessary due to Ethernet
ports in furniture. PC port can be disabled if desired.

802.1Q/p @t

Switch

1

Example:

Console(config)#interface Gigabit 0/16
Console(config-if)j#switchport mode access
Console(config-if)j#switchport access vian 261
Console(config-if)#switchport voice vian 262
Console(config-if)j#spanning-tree portfast
Console(config-if)#mls qos trust {dscp | cos}
Console(config-if)#service-policy input {telepresence}
! See later for more details on QoS recommendations




Protocol Interaction (Signaling Paths)

] Cisco Unified LDAP /
7970 Codec Switch CM CT™M Exchange
LAN /
d WAN
© 802.3af !
) CDP j CDP §
) CDP i
= o m mm mm mm mm o Em mm mm mm mm mm mm mmprzzEEEEEEEsE >
DHCP S >
DHCP
= = e e e e e e = = = == ——— ==
TFTP e — — e e e e — >
TFTP
S R R e el —— - — -
SIP
Sharefd Line
<————*———————————->
SIP
= == = = - P €= = = = = - —— e e e = -
XML XML, SNMP < >
LDAP ) .
< » LDAP, WEBDAV
<4y NO 802.1Q VLAN tag AXL/SOAP, JTAPI
< — = =» TlTagged with 802.1Q ID of Voice VLAN




Protocol Interaction (Media Paths)

SIP “NOTIFY”

<----» Signaling
<> Media

Codec

Cisco Unified
CM

SIP “200 OK”

CTM

<

SIP “200 OK”

y vV §

vw

XML “Im in a call”

RTP Media
(audio + video)

XML “IPm in a call”

XML “ANSWER”

Note: Signaling has been simplified for the purpose of this slide.
There are many other XML and SIP messages which are not shown.



Cisco TelePresence Endpoint Configuration in
Cisco Unified CallManager

Access the Cisco Unified
CallManager Administration at
where
cm-server-name is the name
or IP address of the server.

Add the Cisco TelePresence
device pack if needed. This
adds “TelePresence” to the list
of phone models.

Add the Primary Codec by MAC
address just like you would a
phone.

Cisco Unified CaIIManager Administration For Cisco Unified Communications Solutions

Bulk Administration

System Call Routing

Media Resources Voice Mail Device Application User Management

Phone Configuration Related Links: RS

IRCSpr

— Status
Status: Ready

—~——

~hone Type
Product Type: TelePresence
Device Protocol: SIP

— Association Information

Modify Button ltems |

U Add a new SD
U Add a new SD
U Add a new SD
10 %5 Add a new SD

Phone Button Template® | tandard_Telepresence
Common Phone Profile* | standard Common Phone Profile

Calling Search Space |< None >

1 O Line [1] - 5174 (no partition

2 s Line [2] - Add a new DN — Device InToTmaton

3 Add A new SD Registration Registered with Cisco Unified CallManager 172.28.176.144
IP Address

4 UgaddanewSD MAC Address™ [ootataaFAGeE

5 g Addanew SD Description |big—wesl 174

6 CUg.Addanew SD Device Pool* IDefaull

7

8

9

Media Resource Group List|< None >

(N I I K Y R RN

11 Yz Add a new SD Location* | Hub_None
12 Uz Add a new SD User Locale [ None >
13 &5 Add a new SD Network Locale [« None >
14 (5 Add a new SD Owner User ID [ None >

15 %5 Add a new SD

16 45 Add a new SD
17 (= Add 2 naw €N

Phaone Load Name l

[¥ Retry Video Call as Audio




Cisco TelePresence Codec Configuration for
Cisco Unified CallManager (Cont.)

Select the appropriate Cisco
TelePresence System type
(1000, 2000, 3000)

Assign a Directory Number to
the Cisco TelePresence
device

Retry Video as Audio setting is
optional

Verify that Allow Control of
Device from CTl is selected
(used by CTM to monitor the
endpoints)

Choose a Video Quality setting
(i.e. highest, high, low,
lowest)

< 1 (B Line [1] - 5174 (no partition ’ Dy i

Cisco Unified CaIIManager Administration For Cisco Unified Communications Solutions

System Call Routing Media Resources Voice Mail Device Application User Management Bulk Administration

Phone Configuration Related Links: 2SI

X

— Status
Status: Ready

— Assodiation Information—————————— Phone Type
Product Type:  TelePresence

= r—Device Information

3 Add anew SD Registration Registered with Cisco Unified CallManager 172.28.176.144
IP Address

4 g Adda new D MAC Address* [ootaterAGeE

5 M Description lbig—wesl 174

6 U5 Add a new SD
7 Uz Add a new SD
8 Uz Add a new SD
9 Uz Add a new SD
10 G5 Add & new SD

Device Pool* |Defau|l

Phone Button Template® |Slandard_Te|epresence
Commeon Phone Profile* | Standard Common Phone Profile

Calling Search Space |< None »

Media Resource Group List|< None *

[ §IH N N I N N N EN

11 G5 Add & new SD Location* | Hub_None
12 G5 Add & new SD User Locale | None >
13 G5 Add & new SD Network Locale | None >
14 G5 Add 3 new SD Owner User ID | None >

15 G5 Add & new SD
16 G5 Add & new SD

17 (= Add 2 now €N

Phone Load Name I

7! Retry Video Call as Audio >




Cisco TelePresence 7970 Phone Configuration
for Unified CallManager

ACCGSS the CISCO U n Ifled Cisco Unified CaIIManager Administration For Cisco Unified Communications Solutions
Ca I I M a n ag e r Ad m I n IStratIO n at System Call Routing Media Resources Voice Mail Device Application User Management Bulk Administration
Wh ere Phone Configuration R Back To Find/List
cm-server-name is the name IXDSE:
or IP address of the server -
. Status: Ready
Add the Cisco 797X as a SIP
p h one r— Assodiation Information Phone Type
Modify Button ltems | Product Type: Ciﬂw
- . Device Protocol: SIP
Ensure that Speakerphone and e
. 2 wmiline [2] - Add a new DN —Device Information
H ead Set are d |Sab|ed 3 E%Add a new SD Registration Registered with Cisco Unified CallManager 172.28.176.144
g 1P Address
. 4 Add a new SD MAC Address*
Verify that Allow Control of o120ADB020
. . 5 g Addanew D Description lbig—wesl phone
Device from CTl is selected 6 g Adla new 5D o
. Device Pool |Defaut z
(used _by CTM to monitor the 7 Ggaddanew Phone Suton Tempote®  [Sandad TETOSP 7
end p0| ntS) 8 g Addanew SD Softkey Template |< MNone > j
o GﬁAdda l;zlszigDned SahiiEsR Corﬁmon Phone Profile* | tandard Common Phone Profile M
0 L TP Caling Tarch Sp:]ce |< None » j
" @; T AAR Calling Search Space |< None » j
L Media Resource Group List |< None > j
12 Privacy
13 None User Hold MOH Audio Source |< None > M
Network Hold MOH Audio Source|< None j
Location* | Hub_None j
User Locale |< None > j
Network Locale [< None »

Hi|
-
4




Cisco TelePresence 7970 Phone Configuration
for Unified CallManager (Cont.)

— External Data Locations Information (Leave blank to use default)
Information I

Services, Authentication Server, Directary |
and Idle External Data Location Messages |
must point to IP address of the
Primary Codec. Idle Timer = 1

Services http:#[IP address of Primary Codec]:8080/services. htm

Ewer|ht’[p:ﬂ[IFlI address of Primary Codec]:8080/authenticate. ht
Assign the same Directory Number Proxy Server |
to the primary line of the 7970 IP Idle
Phone that was aSSigned to the Idle Timer (secaonds) |1

Cisco TelePresence device
(shared line appearance)

Max Calls = 2, Busy Trigger = 1 I RO Err

@5 Ready

Authenticatio

ttp: #[IF address of Primary Codec]:5080/dle. htrml

— Directory Nu L ——
Directory Nunfber®* [5172 )
Route Partition |

- - =
Description l \ u
— Shared Line-Appearance

Alerting Name l
ASCII Alerting Namel &

¥ Allg rol of Device from CTI \
Assofiated Devices [SEPD012DADBD42D
SEP0018188FAGSE Edit Device |

Edit Line Appearance




Configuration Verification

Codec and 7970 IP Phone register with Cisco Unified CallManager

Navigation | Cisto Unified CallManager Administration

1administrator

Cisco Unified CallManager Administration ror ci

o Unified Communications Solutions Logged in as

System »  Call Routing +  Media Resources »  Woice Mail »  Device = Application »  User Managemernt = Bulk &dministration = Help « Log OFf
Find and List Phones

AP
I pe—

Search Options

Find Phone where | Directory Mumber V|| begins with V||51?4 H Find ] [ search within Results

| Select item or enter search text v

(numplan.dnorpattern begins with 5174)

SEPO0120ADBD42D west phone 5174 SIP Registered with 1011 100 101001 101

SEPO018188FAGEE est 174 5174 SIP Registered with 10.1.1.100 104001 102

[ Add New ][ Select All || Clear All || Delete Selected || Reset Selected | pows per page| 250 v

Search Results
|7 | ; : Description |Extension |Partition |Device Protocg |IF Adare Copy [Copy wjLines |




Starting a Meeting

Cisco TelePresence Phone User Interface

&4 11 51 06/13/06 &414 45 06/23/06 9002

B From: (9012)

o
s}

Redial New Call SpdDial Answer Ignore



Meeting in Progress

Options Available

k41111:43 07/19/06 7000

Btz 7001

HiId/Resm End Call Tones Volume List



QoS Design




Overview of Cisco TelePresence Network
Requirements

Cisco

] TelePresence
= Jitter < 10 ms > Reﬁ,’ﬂﬁe"r‘!féﬁts

= oss <0.04% _ | ' '
= Bandwidth 4 Mbps per screen

+ voice (64 kbps streams)

= Latency < 250 ms

*Bursty

*Drop sensitive
*Delay sensitive
- Jitter sensitive

= Call Admission Control must be «UDP priority
enabled (within Cisco CallManager)

+ auxiliary streams
+ burst allowance

+ L2 overhead



Bandwidth Requirements Breakdown:
CTS-3000 at 1080p

= 3 primary video streams (4 Mbps each): 12 Mbps
= 3 primary audio streams (64 Kbps each): 192 Kbps

= 1 auxiliary audio stream: 64 Kbps
= 1 auxiliary video stream: 400 Kbps
= TOTAL (average at L3): 12,656 Kbps

= Add 20% for burst and L2 overhead: = 15 Mbps




Bandwidth Requirements Breakdown:
CTS-3000 at 720p

= 3 primary video streams (2 Mbps each): 6 Mbps
= 3 primary audio streams (64 Kbps each): 192 Kbps

= 1 auxiliary audio stream: 64 Kbps
= 1 auxiliary video stream: 400 Kbps
= TOTAL (average at L3): 6,656 Kbps

= Add 20% for burst and L2 overhead: = 8 Mbps




Bandwidth Requirements Breakdown:
CTS-1000 at 1080p

= 1 primary video streams (4 Mbps each): 4 Mbps
= 1 primary audio streams (64 Kbps each): 64 Kbps

= 1 auxiliary audio stream: 64 Kbps
= 1 auxiliary video stream: 400 Kbps
= TOTAL (average at L3): 4,528 Kbps

= Add 20% for burst and L2 overhead: = 5.5 Mbps




Bandwidth Requirements Breakdown:
CTS-1000 at 720p

= 1 primary video streams (2 Mbps each): 2 Mbps
= 1 primary audio streams (64 Kbps each): 64 Kbps

= 1 auxiliary audio stream: 64 Kbps
= 1 auxiliary video stream: 400 Kbps
= TOTAL (average at L3): 2,528 Kbps

= Add 20% for burst and L2 overhead: = 3 Mbps




Cisco TelePresence Service Level
Requirements: Latency

Branch Office

Propagation Jitter Buffer +

Queuing Serialization and Network CODEC

(6.3 us/Km) +
Network Delay
(Variable)

Variable Variable

End-to-End Delay (Must Be < 250 ms)




Classification and Marking Design: RFC 4594
Configuration Guidelines for DiffServ Classes

L3 Classification IETF
— pus___ ] Dpsc

Network Contro % |rrczus
Vo Toepromy 1 EF 1 % _ IRrcoze

Call Signaling CS5 40 RFC 2474
Multimedia Confere RFC 2597

<@l Real-Time Interactive _ “ RFC 2474

Application

Multimedia Streaming
___Ccs3 “
Low-Latency Data AF21 18 RFC 2597
OAM CS2 16 RFC 2474
High-Throughput Data AF11 10 RFC 2597

Best Effort - or | o JrRrc4

Low-Priority Data CS1 8 RFC 3662



Implementing Cisco TelePresence Classification
and Marking

= Cisco Unified CallManager is currently unable to distinguish VT
Advantage from Cisco TelePresence and will mark both (by default)
to AF41.

= Cisco TelePresence needs to be remarked at the access-edge
switchport (via a policy-map applied to Cisco TelePresence unit
ports) to CS4.

= Cisco TelePresence can be distinguished from VT Advantage
(which will remain AF41) in downstream DiffServ policies.



Cisco TelePresence Queuing

» Optimally, assign Cisco TelePresence to a dedicated LLQ for
the best SLAs (IOS supports multiple LLQS)

Recommend 33% LLQ limit to preserve voice, video + data
transparent convergence



Campus Queuing Design:
Realtime, Best Effort, Critical Data & Scavenger Queuing Example

Best Effort
2 25%

Scavenger/Bulk
< 5%

Real-Time
< 33%

Critical Data

Including: Voice +
Cisco TelePresence



Campus and WAN/VPN Queuing Design:
Granular — but Compatible — Queuing Design Example

Best Effort
25%

Scavenger
1%
I

Best Effort
Bqu > 25%
4% ‘
: Voice

Streaming-Video 18%

Real-Time
<33%

Critical Data
Network Management

Transactional Data
Cisco TelePresence

15%
Mission-Critical Data

_ _ N Internetwork-
Call-Signaling Control



Cisco Locations CAC for Cisco
Unified CallManager

* Locations based CAC provides CAC

amongst TPS Nodes

* Locations for TPS are separate from

VOIP and IP/VC

Locations Bandwidth

Location Bandwidth
TPS Loc. A 12000
VOIP-IP/VC Loc. A | 3000
TPS Loc. B 12000
VOIP-IP/VC Loc. B | 3000
TPS Loc. C 12000
VOIP-IP/VC Loc. C | 3000
RTP

TPS Dedicated Cisco
Unified CallManager 5.0

,&‘ IP WAN

X

\

\

\
gﬁ
—— ==y

I TPS Node |

5 \d
5 3
| . &
| ';‘
3

TPS Location A TPS Location B

“«-=-->

Media Resource Control

~
N

N
N
~
xﬁ

e |

I TPS Node |

* I
5 3
| . &
| ';‘
3

TPS Location C



Cisco IOS RSVP Agent for Cisco Unified
CallManager

Provides RSVP Cisco Unified CallManager 5.0
support for all
types of
endpoints
RSVP Agent, \BSVP Agent
/ I TPS Node | | TPS Node | \

SIP T, ST SIP
Phone % % Phone
PSTN GW PSTN GW
Location A Location B

Supported in I0OS release
<« --- Media Resource Control <+—> RSVP 12.4(6)T on 26xx-XM,
<——-> MGCP or H.323 RTP 2691, 28xx, 37xx and 38xx

series platforms



Summary

= Looked at the basic tenants of “Presence” in a Unified
Communications world

= Described how the Cisco Unified Presence Server is
constructed and how it works

= Used the Cisco, Microsoft and IBM clients to describe
the different ways they connect to the presence server
and the services they offer.

= A quick look behind the gloss of the Cisco TelePresence
solution......
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