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Of all the media available to make calls with ALERfe VolIP driver offers the possibility to
interface with IP telephony equipment in accordanitk the SIP (Session Initiation
Protocol) protocol.

This document describes the configuration of tHe Alert driver and on call operators using
this medium.

Prerequisites

VoIP (Voice Over IP), as its name suggests, isdasethe IP protocol. An IP network
interface is required to use this driver.

The VolIP Alert driver is subject to license. Thewusiust have acquired a license based on
the number of simultaneous calls (using SIP) ddsire

Devices that Alert has to communicate with neebe@ompatible with the SIP protocol, they
may be telephones, PBXs, SoftPhone...
These devices must meet the following specification

Technical specifications:

SIP protocol supported: RFC 3261
Audio formats supported: G711 Mu Law and G711 A Law
DTMF management: RFC 2833

ALERT configuration

The driver configuration is done through the prdiperbox. Menu "Configuration /
Communication .... Then select the "Drivers" tab.

" 5
Communication M

AlertMobile

Fax

Generic Email Driver

SO Mini-Messages

Micromedia email

Orange France - GSM (France)

Prirter

Vocal

Winpopup

l Add... I I Properties. .. | | Remove |
[ Ok ] | Cancel | Apply Help
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Select the driver "VolP Driver (SIP)" and pressoigarties ...".
The properties box of the driver will appear.

e

# | VolIP driver settings lﬂj
WalP driver [SIP]-- w1, 0.7, 7 [Unicode] [ 0k ]
. . | Cancel |
t amimum simultaneous calls number; —
i} [0 o lirnit ]
SIF Transport
Frotocol ;- @ UDP Port: 5080
I TCR

|P address ; 1 Default : ;
o 192.168.38.113 ¥

SIF Settingz

zer uri: sip:alent@locathost
[ Use outbound prowy
Prosg uri; | sichost

SIP R egistration

= : ;
| Register user un

Feqgistration failure retry period: 0 [zeconds]

[T Use authentication

IJzemame :

Fazzwiord

Mizcelansous

[#] Trace in alert log
bz c:all time (O=irfivite] : 0 secaonds

DTHMF payload type : 1m

The values of the parameters to specify will dep@mthe telephone architecture. Depending
on the telephone system, three types of configumatiand out:

- Setup without proxy
- Setup with proxy without registration (Registar)
- Setup with registration
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In the user record properties, the telephone nusrdgrplied must be associated with the
VOIP driver. Here is a sample configuration witBi& number.

User record |@—EE|
|dentification
Narrie: First Name: : '
DOE Jaohn Cancel |
Langus Cla: i
.-’-'-.n-g Mumber / Address "
[ MHumnber tppe:
|| [wolP diver (SIP) -
Cancel
[E't}" Mumber / Address: l—]
S| Torg
Attemnpt number if call fails: | 3 [¥] Default
Dil ru Timeout befare new attempt [seconds)  ED [V] Default
Id
[ Uzer call validated it successhul call
sutomatic call acknowledgment: Yes (@ Mo [/] Default
2 | Defatilt
[1 Ciefault

These numbers will also be dependent on the tetephrcchitecture.
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Setup without proxy

In this configuration, ALERT calls SIP phones oftgbones directly.
Since there is no intermediary (proxy or PBX) fouting calls, ALERT must know the IP
addresses of each device.

SIP Phone SIP Phone
IP:192.168.0.2 IP:192.168.0.3
\ \
Call from:
Sip:alert@192.168.0.1
I

TCP/IP ()
]

Call from:

Sip:username@192.168.0.2

ALERT Server
IP:192.168.0.1

SIP driver

To configure the driver, here is an example ofrestallation without a proxy.

For SIP transporting, the values to indicate agedifault values of the SIP protocol. The IP
address to choose is the one of the machine ametimeork where the devices to contact are
located. The same address will be used by the eewiccall ALERT

The uri of the user matches the call number of ALERich is dialed from the SIP phones.
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User record

Regarding the setting of on call operators: Fomiimaber to call, you must indicate the

-

# | VolIP driver settings lﬁ

WalP driver [SIP]-- w1, 0.7, 7 [Unicode] [ 0k

. . | Cancel |
b asirnum simultaneous calls number: e ————
i} [0 o lirnit ]
SIF Transport
Pratocal ;- @ UDP Part : &0G0
I TCR
IF address: = Default
(7] 192.162.01| -
SIF Settingz
ser ur: gip:alerti@192 168.0.1
[T Use outbound prosy
Prosy ur ;| @iechost
SIP R egistration
[] Register user uri
Feqgistration failure retry period: 0 [zeconds]

[T] Use authentication

Uszemanme :

Fagzzword :

Miscellaneous

[¥] Trace in alert log

M a call tirme (D=infinite) . 0 seconds

DTHMF payload type : 1m

complete sip address (uri) of the correspondent.
Sip:username@ipaddress:port

The port is optional if you use the default siptp6060.
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User record

% | @& ]

Ei.

|dentification —_—
]
M ame: Firat Mame: I—I
DOE John Cancel
Langyaaes:: L ———
gl Number / Address - IM
|:|\J MHumber ppe: 0k
|Vl diiver [SIF) x|
Cancel
Dutyd Murmber / Address:
[ || E—
g sipcjohn, dos@1 92 168.0.2 Help
! Attemnpt number if call fails: 3 [7] Default
Dial nun Timeout before new attempt [seconds). | B0 [¥] Default
Id
zer call validated it successhul call
""" 1 f Yes (@ Mo [/ ] atault
- B e 2 Drigtanlt
3l 1 I Cietault

% ™

Usage examples

This type of configuration is used for small inEtbns or for testing. The SIP equipment is
not managed centrally.
This configuration also allows you to have a softpd on the same machine as ALERT.

In this case, you need to set the port numbeptaXample 5080, to transport sip for ALERT
and 5060 for the softphone. Both programs will tberable to coexist.

Alert will call addressip:username@192.168.0.1
The softphone will call ALERT usingip:alert@3192.168.0.1:5080
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Setup with proxy without registration

Proxy configuration with no registration

With this architecture, ALERT no longer needs towkrthe IP addresses of the phones. The
proxy, if it is an IPBX, will generally manage tplgone number vs. IP address

correspondence.
User record configuration is thus simplified; otitygir phone number needs to be specified.

With this type of installation, the uri's are dlltgpe: sip:username@realm, where the realm
field is the domain name (usually the address @fuitoxy or the name of the machine) and
the username field is a phone number.

In this case, all calls go through the proxy.

SIP Phone SIP Phone
IP:192.168.0.2 IP:192.168.0.3
N°:1010 N°:1011
\} N
Call from:
Sip:1001@192.168.0.10
TCPR/IP ()
\\
S
Q
NS
SIP Proxy
IP:192.168.0.10
\
1\ Call from:
X Sip:1010@192.168.0.10
ALERT Server
IP:192.168.0.1
N°: 1001
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SIP driver

In this properties box, the proxy field needs tdilbed in.
The uri of the user can, as in the following example a phone number.

B | VoIP driver settings -
WolP driver [SIP] -1, 0.1, 7 [Unicade) |T|
. . | Canicel |
t amimum simultaneous calls number;
1] [0 na limit ]
SIF Transport
Pratocol ;- @ LUDP Port : 50E0
= TEP

|F address i) Default
@ 192.168.0.1 hd

SIF Settingz
|Jser uri - gip 1001 @192.168.0.10

|| Uze outbound prosy
Prowpui:  sip:192162.0.10

SIP R egistration

= : :
| Register user un

Feqgistration failure retry period: 0 [zeconds]
[T] Use authentication

Uszemanme :

Fagzzword :

Miscellaneous

[¥] Trace in alert log

M a call tirme (D=infinite) . 0 seconds

DTMF payload twpe ; 1m

User record

The configuration of the user record is made mucipker. All the addresses having the same
proxy, ALERT offers the possibility to specify til uri, just like the setup without proxy or
only the phone number.

In this casesip:1010@192.168.0.16r simply 1010.
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User recard |‘§'—EE

|dentification _—
1] 4
M ame: First Marme: I—I
oo o
Langupas: Ll -
Argl Mumber / Address : Iilﬁ
I Wi Humber type: ok ]
1| | wolP diives [SIF) - | :,
i Cancel
Duty s MHurnber / Address:
Clo | o1g elo
Atternpt nurmber if call fails; |3 [7] Default
Dial rumj Timeout befare new attempt [secondsl: |50 [F] Default
Id
Uzer call validated if successtul call
W @ )
atic call ackrowledariznl Yoz @ No Diefault
b ok 2 Diefanlt
- Himeaul hor eall Sckl - 1 D efault
A

Usage example

This is the type of setup to use with the CiscdMahager. The CallManager is the proxy.
The table of correspondence between telephone nsrahd IP addresses is managed by the
proxy.

ALERT must also have a phone number if operators ¥eacontact the voice server
application.

This configuration also corresponds to the uséef\V-310 VolP gateway / GSM. In this
case, the proxy is the gateway and ALERT can tmin aall via this gateway.

| 19/12/2008 | ALERT and SIP driver | 10/13




Setup with registration

This type of installation allows dynamic IP addesssEach piece of equipment (including
ALERT) registers at startup with the current reaisip. The latter is often the proxy.

The operation is the same as with the proxy alombe difference is that the IP / phone
numbers correspondence is done dynamically.

SIP phone SIP Phone
N°:1010 N°:1011

Call from:
Sip:1001@192.168.0.10

TCP/IP ()

ay

Proxy SIP / REGISTAR
IP:192.168.0.10

Call from:
Sip:1010@192.168.0.10

ALERT Server
N°: 1001

SIP driver

In this particular case, you need to specify tha ddentification supplied by the telephony
administrator.
In our case, ALERT registers itself with its logind password for the call number 1001
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# | VolIP driver settings

ECH)

SIF Transport

Pratocal ;- @ UDP
€ 0P

|F address
&

SIF Settingz

Prosy uri ;

SIP R egistration
[¥] Register user uri

[F] Use authentication

Usermame;  alert

WalP driver [SIF] -- w1,

: : | Canicel |
t amimum simultaneous calls number; —

i} [0 o lirnit ]

1 Default

Uzer uni; gip: 1001 @192.168.0.10

[#] Uze outbound prosy

sip192.162.0.10

Feqgistration failure retry period: 0

0.1, 7 [Unicade] 1]4 ]

Port : 50RO

132.165.0.1

[zeconds]

Mizcelansous

[¥] Trace in alert log

DTHMF payload type :

Pazzword:  eesssses

t aw call tirme [O=infinite] ;

] gecondz

101

User record

The user record setup is the same as the setuproitly.

The call addresses are of tygg:1010@192.168.0.16r simply 1010.
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User record

|dentification

MName: First Mame: -

ooe som
Languas Llase

.ﬁ.ﬁgl Mumber / Address

[ Hurmber tpe:

-

|| [olP diiver [IF) 7
] ==
[ Heh |

Dut‘“! Mumber / Address;
Clof | Tmg

Afternpt number if call faile; (3 [#] Default

Dial Timeout befare new attempt [zecondz): G0 [¥] Default
Id : :
A | | User call validated if succeszshul call
W @ )
Eltarnatic call acknowledamen! Tes. @ MNo | Ciefailt
2 | Diefanlt
1 | Dafault

L

Usage example

With a subscription to a SIP provider.
The configuration of the driver then depends omadaipplied by the provider.

With Asterisk or another IPBX. This time it is tadministrator of the telephone system that
provides the data to specify in ALERT.

| 19/12/2008 | ALERT and SIP driver | 13/13




