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2N® VoiceBlue Next has these parameters:

IP address 192.168.1.120

Incoming port: 5060

Siemens HiPath 3000 parameters:

IP address 192.168.1.50

Incoming port: 5060

SIP TRUNK INTERCONNECTION

) For the setting of the trunk between the VoiceBlue Next and your PBX you need to configure
SIP proxy (GSM—>1P) for GSM incoming calls. SIP proxy (IP->GSM) is designed for secure
communication just with traffic from your PBX. You can specify the IP address and port which

will accept SIP packets from.

In case you leave there 0.0.0.0 it will be open for all traffic.
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2) Configuration of the LCR (Least Cost Routing)

The GSM operator has e.g. in our country prefix 6 and 7 with a nine digit the length number.

The setting is below.
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Gateway configuration

" Prefizes

) .| Gateway

Gateway

Prefixes

GSM prefix lists
P 1 Prefixlist 2 Prefixlist 3 Prefixlist 4 | Prefixlist 5 Prefixlist B Prefixlist 7 Prefixlist 8

Basic settings

M n D: _
Default count of digi ElE2
Table of replaced prefixes Table of accepted prefixes
Only 0123456789*#+ characters are allowed Only 0123456789*#+ characters are allowed

|+ 5 B
7

Remove Remove
Remove all

1




3) You need to create LCR rule for defined prefixes. The GSM group says thru with outgoing group

the call will follow and in the GSM group assignment you can define, which SIM card belows to
which GSM outgoing group.
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Gateway configuration

® LCR table

LIP Routing table

) .| Gateway

Gateway | U Restart
- a
dDIE
Prefix list Time limitation Weekend usage Max. length of call Groups Add Remove all
1 0:00/24:00 Use as in week off 1 Edit Remaove
2 0:00/24:00 Use as in week off 2 Edit Remaove

D |

Gateway configuration

GSM groups assignment

Module:
0. module

1. module

Outgoing:

1. Group__|~]
2 Group__|~]

Incoming:

1. Goup__|~]
1. Goup ||




4) Configuration of GSM outgoing groups:

You are able to set up different setting for each GSM group (CLIR, free minutes, Virtual ring
tone, roaming and others). In case you don’t have a Ring back tone, set up Delay for ALERTING
to option 4.

Gateway

TELECOMMUNICATIONS Gateway | Update | F -y

arc

way control

GSM outgoing groups
. 1.GSMgroup

General settings

Gateway configuration

: ; Delay for CONNECT [s]:
= GSM outgoing groups Minimal ring duration to send "SMS at no answer” [s]:

ming groups

s in group (every month):

Send CLIP from VolP to GSM/IUMTS

5) Incoming calls

For incoming calls you can define 2 groups with the different behavior and assign them to the
GSM modules. The settings are similar with GSM groups assignment for outgoing calls.

GSM groups assignment

Module; Qutgoing: Incoming:

0. module [ Group [~ NN 1. Group [~
1. module (2 Group [~ [N 1. Group [~

In GSM incoming groups you can define the behavior for each GSM incoming group. Choose
the mode to Reject, Ignore, Accept incoming calls or Callback.



Gateway

TELECOMMUNICATIONS Gateway | pdat | Rest

GSM incoming groups
U] 2. GSMgroup |

General settings

Gateway configuration

Mode: Acceptincoming calls + dialtone ¥

{(Call number by %A, %G95..8 or none or answer and wait for
DTMF)
® GSM incoming groups e A
Minimum digit:
Maximumn digits
DTMF dialling

Day of deleting

Qir B

You can define the list of called numbers which will be automatically dialed after DTMF dialing
timeout if the customer don’t press any button till the specified time. From the configuration, you
can see 10 seconds for DTMF dialing and after that the call will be routed to the extension 101 to
your PBX (if you set up SIP proxy (GSM->IP) in VolIP parameters).

List of called numbers

Only 0123456789 *#+ characters are allowed
101

Remove

Remove all




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 |Lined 7809 | 1P Turking rikenwork, —Selected 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.
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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® VoiceBlue 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® VoiceBlue gateway.

LAN trunking protocol needs to be “Native SIP” and IP address is the IP of 2N® VoiceBlue
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. Both methods are
supporting by 2N® VoiceBlue gateway.

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® VoiceBlue Next
e Number 1is routed to the Node 1. This node is for own Siemens HiPath PBX.

mFront panel mWizard ®Explorers mMaintenance mHelp mLogoff

HG 1500 V8

153 voice Gateway

@ H,323 Parameters
® SIP Parameters
#® Codec Parameters

PBX Route Call Address

I Internet Telephony Service Provider Mode Number: 2 [
-~ ® Destination Codec Parameters
710 PBX Station Number. &

| ® |F Metworking Data
| 20 Nodes

Senice: |Voice [
.1

H e 2
| =23 Routing

: ® 1=
e B

- Fals

- Clients

@ ISDM Clagsmark

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

The Siemens HiPath support DTMF via RFC 2833.

122 voice Gateway

~# H323Parameters Codec Parameters
= et
-3 Internet Telephony Service Provider Priority Voice Activity Erare
# Destination Codec Parameters Detection
=3 PBX
- @ |P Metwarking Data G.711 Adaw VAD: [J 30 @ msec
=2 Nodes
P G711 plaw Priarity 7 [ vaD: O 30 5| msec
e 2 -
= Routing G.723 not used u VAD: 30 msec
e =
[ Priarity 1 (4] VAD: 20 [ msec
[P
=3 Clients not used [ VAD: 20 msec
- System
@ H323
“o @ SIP T.38 Fax:

# |SDH Clagsmark
Use FillBitRemoval:

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

Error Correction Used for T.38 Fax (UDP}  t38UDPRedundancy H

Misc.
’V ClearChannel- Frame Size- | 20 m msec



Incoming call from 2N® VoiceBlue Next

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

Now, the number coming from 2N® VoiceBlue Next is compared with DID number and

routed to the particular phone.

Station Key programming I Endpont b sw version | Fax / Modem I Emergency I [
| Systemnew Statiorvi S—
i __Staionview _ | B | Mobility Eniry | 050 Ports
) Q LAS;EDE%JKE; ' @LAN 1921681506 ] e oe | - | L
H a e press . . . 130 130 @ |im optizet E comiort
5 T Setup station.. 2 101 @ opiPaint 500 Advance)
;—& Slalion 3 132 132 @ No Part
amnminy
E : ?r:jppxhw mgvasinn 4 103 103 | @ opbiFaint 500 Standard
iy Fax / Modem 5 133 133 I ez @ optiPoint 500 Standard
i Emergency 6 135 135 @ optiPaint 500 Advance
iy Gatekesper
iy Gatewsp 7 106 108 | @ Mo Part
£ Mabilty Enlry B 107 107 @ No Por
gy 050 Ports 3 108 108 @ E PO.T
# B Codess.. 10 133 139 @ *» POT
=T Lires / networking..
iy Trks 11 110 110 @ Mo Part
iy Routes 12 m m @ @ POT
i—dlip Rouling parameters 13 134 134 @ =@ 50 Extension
gy 1SDN parameters
: Ay LCOSS 14 113 13 | @ | 0] S0 Edension
gy 051G features 15 580 580 sher ISDN o] [0} 50 Extension
- 4y IP Trunks 16 136 13 @ E PO.T
iy E1E4 table - . -
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