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2N® OfficeRoute has these parameters:
e [P address 192.168.1.120

e Incoming port: 5060

Siemens HiPath 3000 parameters:
e |Paddress 192.168.1.50

e Incoming port: 5060

Settings of 2N® OfficeRoute

1) Switching SIP proxy off

Siemens HiPaths 3000 series can not change the destination port for SIP trunk. Default
settings for destination port is 5060. 2N OfficeRoute has port 5060 used by internal SIP
proxy. That is why the SIP proxy has to be switched off for this case.

TELECOMMUNICATIONS

SIP proxy routing rules

sip:0 connect to LCR Internal SIP line

Mobility Extension sip:199 connect to LCR SIP - Internal SIP line

Fax

else lookup registration

LCR
GSM routing

SIP proxy

= Switch SIP Proxy
off




2) Creating a new SIP trunk

At menu Telephony services - Devices = SIP lines add a new line

e | 4

Telephory services

TELECOMMUNICATIONS

SIP lines

= SIP lines - Phone Listen o
Line ID SIP server by shead Description
number port

Devices

Internal SIP

192.168.1.1 vbegw 5061 5
line

5062

For a new SIP line:
e Fill SIP server address as IP address of Siemens PBX, listen port 5060.
e Highlight or change a priority of codecs which should be used for this trunk.
e Uncheck Register with proxy checkbox.
e Write some description of this trunk.




Add SIP line

SIP server address:
SIF domain:
SIP name:
Display name:
Listen port:
=er name:

Password:

Codecs:

Add Phone context to REGISTER
requset:

Register expires (seconds):

Register with proxy:

Enable CLIP:
Allow only aone call:
Get callee from:

Use Diversion header:

Enable MAT:
MAT port begin:
MNAT port range

MAT IP address:
Mo route code:

SIP TOS/DiffSery Value:

RTE TOS/DiffServ Value:

Description:

182.168.1.50

G.711 A Law 64000 bps
G.711 u Law 54000 bps
G.729 3000 bps

Request URI [« |

300
[
|
[
[
[

Siemens 3000 trunk

If exists SIP proxy registration, listen
port cannot be 5060

B shift up

B shift down




3) Configuration of the LCR (Least Cost Routing)

At Telephony services - LCR disable all rules which are not routed into GSM

LCR

Destination Prefix Enable Routes

To FXS line 17 199 FXS line 17 factory default

To SIP line 16 : |

SIP line 16 factory default

To DISA line 21 4

DISA line 21 factory default

To SIP line 19 SIP line 19 factory default

To GSM o GSM factory default

Normalization

Line Prefix Remove cot

19 <

19

19

Caller incoming
Caller incoming
Called incoming

Called outgoing

factory default
factory default
factory default

factory default




4) Incoming calls

Incoming calls can be routed to some DDI in Siemens. For our case it is number 100 which
will be dialled into our SIP trunk for all incoming calls. Create a new Operator rule in
Telephony services - GSM routing - Operator

Operator number is a number which will be dialled into choosed VolP line for incoming call.

Operator number:

VoIP line: SIP - Siemens 3000 trunk | v |

Description:

Assign the Operator service with GSM modules which should use this incoming rule. You can
do it at Telephony services - GSM routing > GSM

Create here a new rule for each GSM module and choose the service

Modify GSM device routing "/dev/ttyS3"

csm device:  [EITNTRRIES
Service name: Incoming calls ||
Description: GSM1 to 101

GSM routing - Normalization

CEXX IRV D

Prefix Remov it Add nt I Descrip

factory default

factory default




SIEMENS HiPath 3000 version 8.0

1) Create a new IP trunk
Add a new trunk — Trunks = IP Trunks

Number trunks = number VolP channels

You need to assign IP trunk to Trunk group 16 (always for IP trunk). This trunk is called
interwork in the picture below.

Trks | Routes | Fouting parameters | 1SDN parameters | LCOSS | QSIG features || IP Trunks  E.164 table |
— Selection
G atekesper HG1500 |5|'3' 5 j’ ¥ Enable gateway resources
— Trunks
Lribesr )
| Tunk [ code| Type Rout
1| Lire 5 | 7805 | SIP Prowider 2 . SIP 2 L IP Tiurking -
2 |Line E 7806  SIP Provider 2 SIF 2
EN Like 7 | 7807 1P Trunking _ ntenwork Add
4 | Lire 8 | 72803 | IF Tunking _ rikeryork.
5 |Line 9 7809 | IP Tunking nitenwork, — Gelacted line.
5 | Line 10 | 7210 | IP Trunking . mitenwork
7 Lire 11 | 7811 | IP Tinking _ rikeioik D edete |
g |Line12 7812 | IP Trunking mikenwork,
— Configured bne
Humber 8

The setting of Trunk group 16 you can find in the picture below.

Important is to use en-block setting for sending of dialed number.



Trurks || Foutes Flouting parsmeters | ISDN parameters | LCOSS | 051G featues | IP Trunks | E.164 table

Routes Route Name Rioute prafix
Tik Gip 1 Name |intenvork |a5a
Trk Grp 2
Trk Gp 3 CO code ith active LCH this field
Trk Gip 4 |_ will be uzed a3 incoming
Tk Gip & 2rd trunk code toute prefic
Tk Grip B : . All routes are allowed
Trk Gip 7 PAEX number-ncoming to have the same prefix
Trk Grp 8 Country code
Tk Gip 9
Tk Gip10 Local area code
Trk Grpl1
Trk Grpl2 PABX numbes
?lrEérpH [ Location nurber curent: Trk Grp. 1 Ovvetflow routes
Trk Gr? 5 PisB number-outgaing Mome ﬂ
County code
Local area code
PARS numbes Drigit bransmeszion
[ Suppress station number [lm-l:lnu: zending ;l]
| Nga:TI:rilgu ﬁ\? be All othy sie
‘arty M umbser =5 o i Pt
& System check & Systermn check "'I;s S R
" 1SDM rumbenng plan " ISDN rumbering plan " Private netwark
" Private numbering plan " Private numbesing plan
" Urknown numbesing plan " Unknown numbemna plan " Ahways station
Switch
v COLP [~ no DV LEG-nfo [ Intern cal ke extern W Moty send [ With sending complete
[ without CLIP [ Always use DSP ™ ‘Without CCNR [~ Mo SETUP ACE,
Reset I | Apphy I Help
2) LCR SETTING IN PBX

Enter the menu ”Least cost routing” - ”Dial plan”

Example setting of Dialed digits:

0C6Z means: O... prefix for outgoing calls from PBX
C... user get dial tone (morse A)
6... prefix to GSM network
Z... unlimited number of digits

Now the prefix you have to send to Route table (in our example Route table 3)



Flags and COS || Dial plan _LCR - schecule |

Digit analysis wizard |

Narme | Diled digits |Routetable |Acc code | COS —
1 |mormal CALL 0cz 1 ﬂ Mo ¥ yes ™| Mo ﬂ!
2 |SIPcal acz 2 o | yes o -
3 [ VoiceBlue GSM 0ceZ 3 Eku | yes | Mo ﬂ
4 | VoiceBlue GSM 0C7z 3 * | Mo ¥ | yes i ) ) ﬂ
5 - ﬂ ! ¥ yes Tl 1) ;I
& - :J Mo | yes i Ma =l
7 - =|no =lyes  =lme =
8 - T lves  xlne [~
5 =|no ~lyes  xlmo =
10 - > |No v yes |k |
11 o wlyes =l =
12 - T | Mo Tlyes Pl ﬂ
13 _* | No | yes ¥ Mo ﬂ
14 - ¥ | Mo | yes | Na *la
(Routetable |3 ~ Dial e wizard | Dialing rules table |
Route |l rule min. CO5 | Schedule | Warning A
L1=hte|'l.-mrk v 4SIFint ~lis - ~ | Nane ~I8
G ~1- 15 =|- | hone =
3 |- =l =hs =l | Nare =
4| - s =l | ore =l
5 |- =l s - | ione ==

Routetable 1:  Cugit-by-digit

Choose your Route table and press “Dial rule wizard”. Now you are able to set up Dial rule
format A. It means repeat all digits after C (0 will be stripped from called number).

Edited dial nude: =

Network provider's method of | Main network suppher |
Access code:

Pause [max, 12 secs. |

Authorzation code:

Dial rude format: |

min. COS: [15 -

Schedule: - -

Wi [ore <]

Type of Number [TON) | Unknown =
I

Help | ok | Cancel




3) Setting of VoIP card - via web interface (HG 1500 V.8.0)

Firstly, you need to have licenses for VolP channels (2 channels should be open as a standard)
Enter the menu: Explorers - Voice Gateway - PBX - Nodes

Node 1 needs to be configured for incoming traffic from 2N® OfficeRoute gateway. This setting
is for routing to your own system.

LAN trunking protocol needs to be “Native SIP” and IP address is the IP of the Siemens HiPath

300.
mFront panel mWizard ®Explorers ®Maintenance ®mHelp ®Logoff HG 1500 V8
I Waice Gateway
----- # H.323 Parameters PBX Node / IP Addresses

----- # SIP Parameters

----- # Codec Parameters
F-C3) Internet Telephany Service Pravider

----- # Destination Codec Parameters - .
[LAN trunking protocol | MNative SIP D ]

Mode Mumber: 1

LAM Trunking type | Standard Trunking D

[ HXG Gatekesper Board 1 - IP Address: |192 1681 50] ]

HXG Board 2 - IP Address: (0.0.0.0

HXG Board 3 - IP Address: (0.0.0.0

F-C3) Clients
----- # |SDN Classmark HXG Board 4 - IP Address: 0000

HXG Board 5 - IP Address:  0.0.0.0

HXG Board 6 - IP Address:  0.0.0.0

HXG Board 7 - IP Address:  0.0.0.0

HXG Board 8 - IP Address: 0.0.0.0

Alive Monitoring:  []

Node 2 needs to be configured for outgoing traffic to 2N® OfficeRoute gateway.

LAN trunking protocol needs to be “Native SIP” and IP address is the IP of 2N® OfficeRoute
gateway (192.168.1.120)

PBX Node / |IP Addresses

MNode Number: 2

LAN trunking protocol | Native SIP [

LAN Trunking type | Standard Trunking [

HXG Gatekeeper Board 1 - IP Address: | 192.165.1.120

HXG Board 2 - IP Address: (0.0.0.0

HXG Board 3 - IP Address: 0.00.0

HXG Board 4 - IP Address: (0.0.0.0



Siemens HiPath can check the connection with gateway by setting of “Alive monitoring”. You are
able to set it up in Node setting and you can choose PING or TCP IP monitoring.

Routing
Now, you have to set up routing digits to your predefined Nodes.

Example of setting:

o Number 6 and 7 are routed to the Node 2. There is a gateway 2N® OfficeRoute
o Number 1is routed to the Node 1. This node is for own Siemens HiPath PBX.

mFront panel mWizard mExplorers mMaintenance mHelp mLogoff HG 1500 Vs

1 Voice Gateway
@ H.323Parametars PBX Route Call Address

| ® SIP Parameters

- # Codet Parameters _

+4 Internet Telephony Service Provider Node Number: 2

-~ Destination Codec Parametars

=0 PBX Station Number: 6

| @& |P MNetworking Data

i &0 Nodes Semice: | Voice [
1

iy 2

H=Y i

| 8 Ty,

i - [

: o Fals

+H Clients

“—# ISDN Classmark

Codec setting

Enter the menu Voice Gateway -» Codec Parameters
You can set up priorities for codecs.

The Siemens HiPath support DTMF via RFC 2833.

120 Voice Gateway

® H.323 Parameters Codec Parameters
o Voice Activity .
Priority ; Frame Size
~# Destination Codec Parameters _
= PBX =
- # |P Natworking Data G.711 Adaw [Priority 2] vAD: [] 30 1] msec
=22 Modes
P G711 plaw Priority 7 ] vaD:- OJ 30 2| msee
[P
= Routing G723 not used VAD- 30 msec
1=
e gem G.729 Priarity 1 [ VAD: 20 [ msec
[P
=3 Clients G.7T29AB not used [ VAD: 20 msec
@ Gystem Por
@ H323 :
@ SIP T.38 Fax:

- # |SDM Classmark
Use FillBitRemoval-

Max. UDP Datagram Size for T.38 Fax (bytes): |1472

Error Correction Used for T.38 Fax (UDP)  t38UDPRedundancy @

Misc.
’V ClearChannel: Frame Size: 20 @ msec



Incoming call from 2N® OfficeRoute

In the VolP card we already set up routing for prefix “1” to own Siemens HiPath PBX.

Now, the number coming from 2N® OfficeRoute is compared with DID number and routed to
the particular phone.

Stahion Key programming I Endpoint b zw version | Fax / Modem I Emergency I [
| Systemnew Statiorvi ]
by __ Statonview | By | Mobilty Entry | 050 Ports
i Q LAS;IEDE%JKE; ' @LAN 1921681506 ] e oe | : | Tve
H a e 1o press . . " 130 130 @ i optizet E comiort
= T Set up station... 2 101 @ optiPaint 500 Advanc:a]
- & Stalion 3 132 132 @ Mo Part
&y Key programming
& Endpoint hw sw version 4 103 103 | | @ optiPaint 500 Standard
iy Fax / Modem 5 133 133 [EEEEY @ optiPaint 500 Standard
i Emergency 6 135 135 @ optiPaint 500 Advance
iy Gatekesper
iy Gatewsp 7 106 108 @ Mo Part
£y Mobilty Entry 8 107 107 @ Mo Fort
gy 050 Ports 3 108 108 @ E PO.T
% Codess.. 10 139 139 @ *» POT
=T Lires / networking..
iy Trks 11 110 110 @ Mo Part
iy Routes 12 m m @ @ POT
&y Flouing perameters 13 134 134 @ e 50 Extension
gy 1SDN parameters
- gy LCOSS 14 113 13 | | @ m S0 Extension
gy 051G features 15 580 580 sher ISDN o] [0} 50 Extension
iy IP Trurks 16 136 13 @ E POT
iy E1E4 table = = .
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