e OCS 2007: Integrating with
IP Telephony
and Exchange 2007

PointBridge
October 10, 2007




Agenda

Introductions

Quick Overview of Voice Capabilities
Benefits of OCS over Traditional VolP
Integrations with PBXs and UM



o0 Introductions

Matt McGillen:
A Senior Consultant, PointBridge

PointBridge is a consulting company, headquartered in
Chicago, that connects people to people and people to
Information with Microsoft technologies.

We build award-winning collaboration solutions with
SharePoint, Exchange, Office Communications Server
and Core Infrastructure.
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Overview of Voice Capabilities



Overview of OCS Voice

Peer-to-peer calls

ntegrates with existing PBXs via SIP
ntegrates with PSTN via gateways
Avalilable telephony devices
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Available Telephony Devices

Polycom CX100 Polycom CX200 Nortel 8540
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Benefits of OCS over Traditional VolP



Benefits of OCS over
Traditional VolIP

Voice Quality: Audio Sampling
Compression: Packet Size vs. G711
Redundancy: Compensating for UDP
Resiliency: Variable Bit Rate

Efficiency: VAD and Silence Suppression
Efficiency: No Need for VPN



Voice Quality: Sampling

OCS uses 16-bit sampling vs. 8-bit
Broadens the range of sound in a call
Wide-band codec provides more fidelity



Redundancy

VoIP uses UDP because of time sensitivity

If a UDP packet goes missing, quality is BAD
OCS can send duplicate packets

End-point devices are intelligent
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® e | Compression: G711 vs. RTA

Codec Frame Total payload Fully loaded target bit rate
size target bit rate (no redundancy)
(ms) (bits / sec) (bits / sec)
| RTAudio (16 kHz) 20 29000 45000
'RTAudio 8kHz) 20 11800 27800
G711 20 64000 80000
G729 20 32000 48000

-3

ﬂ G.726 20 8000 24000




® ¢ © | Voice Quality: Variable Bit Rate

Sampling Frame Total payload Fully loaded target bit rate
type size  target bit rate (bits / sec)
(ms) (bits / sec) No redundancy With redundancy
Wideband (16 kHz) 20 29000 45000 74000
‘Wideband (16 kHz) 40 26500 34500 61000
Wideband (16 kHz) 60 25666 31000 56667
'Wideband (16 kHz) 20 21000 37000 58000
Wideband (16 kHz) 40 19500 27500 47000
'Wideband (16 kHz) 60 19000 24333 43333
Narrowband (8 kHz) 20 11800 27800 39600
'Narrowband (8 kHz) 40 10300 18300 28600

‘Narrowband (8 kHz) 60 9800 15133 24933



Efficiency: VAD, SS and NS

Silence Suppression keeps bandwidth low
Voice Activity Detection helps SS
Intelligent devices use VAD well

Is VAD all good?

Noise Suppression (NS) makes for better calls



Efficiency: No VPN

Uses SSL for security
Overhead of VPN not necessary
Uses ICE and STUN for firewall traversal
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Integrating with PBXs and UM



Integration Methods

Native MS API integration
Direct SIP / CSTA integration

A Cisco CallManager 5.1 and higher
A Avaya Media Server
SIP Gateway Integration

Remote Call Control



Native MS API integration

Nortel CS1000
Mitel



Direct SIP Integration

Requires a Mediation Server

Requires a
Requires a
A Cisco Ca

Dial Plan & Policy
PBX that speaks SIP / CSTA

IManager 5.1 and higher

A Avaya Media Server
PBX is configured to route calls to OCS

Your communicator becomes your phone



ee | Makinga PSTN Call




® e | Making a PSTN Call With GW




Enabling Enterprise Voice
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tel:

® e © | Configuring a Dial Plan
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Normalization Rules

Groups of rules are applied per location
OCS wants everything normalized:

A 555-1212 becomes +1 (312) 555-1212
Takes getting used
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