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BACKGROUND : The Beginning

An organization with a headquarter located centrally
which had 15+ zonal areas and had more than 150+
branches located remotely with zones.

What do they have and practice:

= They have a central internet connectivity.

= They had zones connected with E1.

= They had a central IP-PBX soft switch.

= They had application systems, mailing etc.
running centrally.

= Had PABX for inter-telecommunication and PSTN
dropped to call out and have calls in for all
places.




BACKGROUND : Realization
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BACKGROUND : Realization







Visualization is from
the Opte Project of the
various routes through a
portion of the Internet.

BACKGROUND : Telecommunication

#7.205.230.11

T5.230.118,
#7205,249.117

07.205.239/1

(As.m 10

07.205.230.105

07.209.230.128

(207.205.230.117

7208230102

PA7\205.23\ 26

7.205.230 1§

120%.205.230.

/x\f?'\
\

\207.205.280.155

07.205.230 23

207.205.23

207.205.230.174
207.209)

\207.205.

07.2

switched




BACKGROUND : Circuit Vs Packet switching

Packets interleaved as required in
no special order

Reserved Time Slots

Telephone / \ Telephone

Company | EPE P IRTLIEPE I ( Company

Voice changed to analog, Packets reordered and
Figure 9.1 digitized and put into pakets sent to customers, voice

Circuit Switching changed to analog.
Figure 9.2

Packet Switching




PSTN & IP-PBX
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BACKGROUND: Codecs

Codecs Payload Bitrate

G.711 64 kbit/s ‘reely available as well gives highest
G.726 16, 24 or 32 kbit/s .

5.3 or 6.3 kbit/s )X is proprietary codecs required purchasing.

G.729 8 kbit/s / .
: GSM is very popular due to goo an
GoM 13 kbit/s ndWldth tradeoff.
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APPLICATION & APPLIANCES







APPLICATION & APPLIANCES : Asterisk

« A software implementation of a telephone private branch
exchange (PBX).

» Allows attached telephones to make calls to one another.

» Connects other telephone services, such as the PSTN and VolP
services through media gateway.

For features and details visit
http://www.asterisk.org/get-started/features

jum|Asteris



http://www.asterisk.org/get-started/features

APPLICATION & APPLIANCES :
Cisco voice enabled routers




APPLICATION & APPLIANCES :
Traditional phone, IP-phone & PABX station
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Considering Scenarios




Common Organization Scenario
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Transformation Scenario

ﬂ)

PABX
NETWORK

\3

PABX
NETWORK

LAN

o
—

PSTN



Transformation Scenario 2
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Why Such integration?







FXO - 029117890

FXO - 029117891




CASE STUDY: Asterisk Server Configuration

Context “cme-trunk”actually allows the router peer configurations at 7 7 i

sip.conf file. As for router01 information in sip.conf it gives informations for , Z % ; :
peering router like IP, codec etc. As when the dial pattern needed the use ::» " ure=port, invite
each other simultaneously. As for router01 dial pattern you can find that it text=cme-trunk

is seeking Router01 name from sip.conf quality=yes

Disallow=all
Allow=ulaw
Allow=alaw



CASE STUDY: Cisco Router Configuration

Basic Configuration for voice

// sip configuration
// Reliable provisional response support disabled to stop error code
// Enabling SIP registry server and mentioning its expire time

// declaring a codec group tag

// Global registry information declaration
// mode defining to CME of Cisco
// Defining a registry server IP and port
// maximum dial no defining
// maximum pool defining
// configuration loaded from flash with tftp
// Creating profile for IP phones

// Call manager application redundant port declaration

// Digital Signal Processor (DSP) profile for codec transformation for IP to IP media gateway

// SIP user agent informations

/1 CUCME configuration for router



CASE STUDY: Cisco Router Configuration
( Registering IP Phone / Pots Phone / Voice peer )

// Dial number declaration 7

// Pool profile information for the number

// POTS number declaration

/! Peering with asterisk server

/! Peering with routers
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CASE STUDY: PSTN Connectivity Integration

( Call in/out for PSTN if considered legacy PBX)

An incoming call to the PSTN numbers re
forwarded to 2000 _

Call out numbers beginning with 0
Through PSTN ports
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This will create a loop circuit for which all ports will be off-hook.

STN-OU

~
)Adll

7 D
ard-di
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description PSTN-Out
n-pattern OT



CASE STUDY: PSTN Connectivity Integration

( Call in for PSTN if considered legacy PBX)

In such case its better if we use hunt group for PABX integration

2000




CASE STUDY: PSTN Connectivity Integration
( Dedicated PSTN and using it for remote router)

Call in for Router1 ( Resided in Router2)

Call out for Router1 ( Resided in Router2)

-profile incoming phone2012
attern 2012

eer voice 2 voip

scription PSTN-OUT-2010
destination-pattern A2010T
session protocol sipv2
session target ipv4:10.11.121.2
dtmf-relay sip-notify
codec g711ulaw
no vad
I
dial-peer voice 3 voip
description PSTN-OUT-2012
destination-pattern A2012T
session protocol sipv2
session target ipv4:10.11.121.2
dtmf-relay sip-notify
codec g711ulaw

I LANG®G



CASE STUDY: PSTN Connectivity Integration

( Dedicated PSTN and using it for remote router)

Call out for Router1 ( Resided in Router2) ey

Call going to

Call in for Router1 ( Resided in Router2)

01711234567

A call coming to

029117891
PSTN

!

As the router gets A2010T where T = 01711234567 voice translation-rule 1

It will only forward T to its mentioned port of PSTN : 7 rule 1 /70/ /A20100/

7 !
voice translation-profile phone2010
ransl lled 1
Router 2 Router 1 't anslate ca

dial-peer voice 1 pots
translation-profile incoming phone2012
destination-pattern 2012

incoming called-number .%

port 0/0/0

|

dial-peer voice 2 voip
description PSTN-OUT-2010
destination-pattern A2010T
session protocol sipv2

session target ipv4:10.11.121.2
dtmf-relay sip-notify

codec g711ulaw
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CASE STUDY:

Reasons:

The FXO port will be
offhook and no connection
can be established other
than port reset. So the
following should be
maintained for FXO ports.

While we disconnect lines through
phone a tone is recognized to reset
the port to tell that it should be
onhook to establish calls.

Each country uses their own tones to

perform this operation.

Branch Branch

Switch
So just like circuit connectivity Router 1

Packet connectivity is required to
carry its actual tone to destination
port to tell it to onhook for link
breakage.

For a help we can try the following
site where custom tones are listed by
country usage.
http://www.3amsystems.com/World_
Tone_Database

— —

Distrib utiongj

FXO-029117830

FX0O-029117891

Branch
Switch

Branch
Router 2
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CASE STUDY: Remote FXO activity due to




Conclusion: Final Achievements and Future

a, internet etc.
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