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Defining the Vision - VoIP Should Be Like Email

VoIP

• Proprietary hardware
• Mostly on the LAN
• Feature islands
• As expensive as TDM

Email and Web

• SW products on any device
• Voice, video, IM & presence
• Integrated, Internet solution
• Part of the Infrastructure

Corporate Directories 
& Databases

Web page w/ VoIP 
& presence

Mobile convergence  
w/ presence

SIP phones 
w/ presence

Corporate app w/ 
VoIP & presence

IP
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The Dirty Little Secret of SIP

Hard to see from the outside -> SIP goes in, SIP comes out …

B2BUA: The Phone thinks it talks to a Phone

Vendor A
PBX

SIP

Vendor B
PBX

SIP

B2BUA B2BUA
SIP Channel

SIPSIP

Features
Features
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Architecture Matters

SIP Proxy: Distributed Application Router

Allows for complex multi-party call flows without Pixie Dust
….. a real signaling infrastructure

Standard
SIP

Proxy

Standard
SIP

Proxy

TCP / UDP / TLS

App Servers

Features
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The Bottom Line

• If we want to get to a distributed and interoperable 
infrastructure, we have to settle on a SIP systems based 
on application routing

• We have simply built the better architecture that is in line 
with the SIP standard

• And it provides better voice quality
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Deployment Example

sipX HA Call 
Control Server

Load 
Balance &
Fail Over

sipX Media &
Config Server

Cisco PSTN GWs

5,000 Polycom Phones Softphones
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Why Media does not go through the Proxy

Better Voice Quality

LAN / WAN 

Head Quarters

Proxy / Registrar
Server

sip:510@blue.com

sip:520@blue.com

Unlimited number of calls
Codec negotiation is between 
end points
Supports all media
HA fail-over works without 
disconnecting the call

Unlimited number of calls
Codec negotiation is between 
end points
Supports all media
HA fail-over works without 
disconnecting the call

Registration / SIP Signaling
Media (RTP) Flow
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Distributed Architecture

(S)RTP
ACD (Call Center) Server

(S)RTP Call Park
Server

Conference
Server B2BUA

SIP(S)

SIP

SIP

SIP

SIP

Authorization
Proxy Server

Registry / 
Redirect Server

Status ServerLA
N

 / 
W

A
N

 

SIP(S)

Presence
Server

Forking Proxy
Server

SIP

HTTP/S
Voicemail

Portal

(S)RTP Media Server
(Voicemail & Auto-Attendant)

Configuration Server
Postgres
Server

(T)FTP

HTTP/S
Admin
Portal

SOAP Interface
(T)FTP
Server

XML RPC API

LDAP Interface CSV Import
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High-Availability Configuration

CDR DBDNS Server

sipX-1 sipX-2

Load
Balancing

Replication

Configuration Server

One Large System
Load Balancing
Full Proxy / Registrar 
Redundancy
Error Conditions for CDR 
Collection
Not a cluster

One Large System
Load Balancing
Full Proxy / Registrar 
Redundancy
Error Conditions for CDR 
Collection
Not a cluster

Register
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CDR Data Collection & Processing

Performance Optimized 
CDR Data Collection & 
Processing
Supports HA Config.
All Data in DB
Offline CDR Processing

Performance Optimized 
CDR Data Collection & 
Processing
Supports HA Config.
All Data in DB
Offline CDR Processing

sipX-2Replication

Authorization
Proxy Server

Forking Proxy
Server

CSE
DB

sipX-1

Configuration Server

Authorization
Proxy Server

Forking Proxy
Server

CSE
DB

Call Resolver

CDR
DB

A single call can
produce a lot of

Call State Events
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sipX Configuration Server

Postgres
Server

(T)FTP

(T)FTP
Server Configuration Server

HTTP/S
Admin
Portal

SOAP Interface

XML RPC API

LDAP Interface CSV Import

Configure sipX Components locally or remote

HTTP

Load Profiles &
Firmware upgrade
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Plug & Play Managed Phones

Polycom

Snom

Grandstream

Cisco
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Adding a new User & Phone 

Configuration Server
SOAP Interface

XML RPC API

LDAP Interface CSV Import

(T)FTP

4. Profile auto-generated w/
correct default parameter

3. Assign User to
Phone

2. Create User1. Enter MAC Address and
Choose Phone Model

Centralized plug & play 
management
All phone parameters 
configurable in Config Server
No need for the phone’s 
config interface
Default parameters generate 
working profile
All phone config stored and 
backed up centrally

Centralized plug & play 
management
All phone parameters 
configurable in Config Server
No need for the phone’s 
config interface
Default parameters generate 
working profile
All phone config stored and 
backed up centrally
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Adding a Gateway and Route 

Configuration Server
SOAP Interface

XML RPC API

LDAP Interface CSV Import

(T)FTP

3. Profile auto-generated w/
correct default parameter

1. Enter MAC & IP Address and
Choose Gateway Model

2. Create Dialing Rule and add Gateway

First Gateways supported will 
be Audiocodes & Patton
Centralized plug & play 
management
All gateway parameters 
configurable in Config Server
No need for the gateways’s
config interface
Default parameters generate 
working profile
All gateway config stored and 
backed up centrally

First Gateways supported will 
be Audiocodes & Patton
Centralized plug & play 
management
All gateway parameters 
configurable in Config Server
No need for the gateways’s
config interface
Default parameters generate 
working profile
All gateway config stored and 
backed up centrally
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