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2N® VoiceBlue Next ma tyto parametry:
e IPadresa 192.168.22.42

e pfichozi port: 5060

Cisco CallManager parametry:
e [P adresa 192.168.22.35

e pfichozi port: 5063

SIP TRUNK PROPOJENI

Pro nastaveni trunku mezi Voice Blue Next a Vasim PBX musite nastavit SIP proxy (IP=>GSM) pro
GSM pfichozi hovory. SIP proxy (IP->GSM) je navrieno pro bezpeénou komunikaci pro prenos z
Vaseho PBX. MUzete urcit IP adresu a port, ze kterého budou SIP pakety akceptovany. V pripadé Ze
zanechate 0.0.0.0 bude brdna pfijimat veskery prenos.
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IP adresa a port kam

SIP registrar: Pro registrované

NAT firewall: trunky. SIP proxy. 0.0.0.0
STUN server: 0.0.0.0 43478 | Setdefaultport

Next STUN server request (60-6553, 0=off) [s]: 6000




1) Nastaveni Prefixi (Prefixes)

GSM operator ma napt. v nasi zemi prefix 7 a 8 s deviti mistnym cislem. Nastaveni pak vypada
nasledovné:

) .| Gateway

TELECOMMUNICATIONS Gateway

Prefixes
Gateway configuration
GSM prefix lists

9ti mistné tel.C.
(vCetné prefixu!)

Table of replaced prefixes Table of accepted preg

" Prefixes
Prefixy zacinajici 7
Only 01234567893+ characters are allowed Only 0123456789 *#+ chal a8

[

Remove
l




2) LCR tabulka (LCR table)

Dale je potfeba vytvofit LCR tabulku (pravidla pro danné prefixy). GSM skupina oznacuje skrz
kterou skupinu danny hovor projde (ktera SIM karta bude pouzita).

V

Gatewa

TELECOMMUNICATIONS Gateway | Update | Restart
R table =
Gateway configuration
Prefix list Time limitation Weekend usage Max. length of call Groups Add Remaove all
1 0:00/24:00 Use as in week off 2 Edit Remove
2 0:00/24:00 Use as in week off 1 Edit Remove

® LCR table

Nis 2

GSM groups assignment Prichozi skupiny,

Gateway configuration pro jednotlivé SIM.

Module: Dutgoing: Incoming:

0. module 1 Group |- [ 1 Group | -]
1 module 2 Group |- [SE 1 Group ||

Odchozi skupiny
pro jednotlivé SIM.



3) Konfigurace odchozich GSM skupin (GSM outgoing groups):

Je moznost nastastaveni rlznych pravidel pro kazdou skupinu zvlast. (CLIR, volné minuty, Virtual
ring tone, roaming a jiné).

TELECOMMUNICATIONS

) .| Gateway

Gateway | Up

ar

GSM outgoing groups
1.GSMaroup

General settings

v

Minimal ring duration to send "SMS at no answer" [s]:

Delay for ALERTIN

Delay for CONNECT [s]: Off

Count of minutes v

Call length counting:

Disconnect call

Send CLIP from VoIP to GSMIUMTS

4) Konfigurace prichozich GSM skupin (GSM incoming groups)

Pro pfichozi hovory lze uréit dvé skupiny s rliznym nastavenim a pfifazenim GSM modul(.
Nastaveni je podobné jako pro odchozi hovory.

GSM groups assignment

Module: Dutgoing: Incoming:

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

V GSM pfichozich skupinach lze nastavit vlastnosti pro kazdou GSM skupinu zvlast. Vybér z moda co s

pfichozim hovorem udélat: odmitnout, ignorovat, pfijmout nebo nastavit jako CallBack (Reject,
Ignore, Accept incoming call...).



) .| Gateway

Gateway Update | Re

TELECOMMUNICATIONS

GSM incoming groups
Clela ] 2. GSMgroup |

General settings

Gateway configuration

Mode: Acceptincoming calls + dialtone .

{Call number by %4, %G95..8 or none or answer and wait for
DTMF)

GSM incoming groups'

Minimum digits in DTMF:
Maximum digits in DTMF:
DTMF dialling timeout [s]:

month):

X ir B

MuZete vymezit seznam volanych Cisel, ktera budou automaticky vytoc¢ena po vyprseni ¢asu pro
zadani DTMF, pokud uZivatel nestiskne Zadné tlacitko. Z nastaveni lze vidét 10s pro DTMF vytoceni a

po tomto ¢ase bude hovor smérovan na stanici 100 na Vasem PBX. (pokud jste nastavili SIP proxy
(GSM->IP) v parametrech VolP).

List of called numbers

Only 0123456789*#+ characters are allowed

Add

Seznam Remove

volanych dCisel.

Remove all




CISCO CALL MANAGER NASTAVENI

1) Routovaci konfigurace (Route pattern Configuration)
Vstupte do MENU: Call routing = Route/Hunt - Route Pattern - Select gateway

MUZete pouZit routovaci seznam (route list) a skupiny (groups), ale pro jedno pripojeni s branou neni
potfeba nastavovat seznam ani skupinu. Staci Vam nastavit pouze zdkladni routovaci pravidla (Route
pattern).

Priklad zdkladni konfigurace routeru (route pattern):
e 724! Znamena prefix 724 a libovolné dalsi Cislice.
o 724XXXXXX znamena prefix 724 a 6 dalsich Cislic.
e 0.6! znamen3, Ze vytocena 0 je prefix, ktery bude odstranén a Cislice 6 + dalsi libovolné Cislice
mohou byt vytoceny. Na volané strané (Called Party Transformation) musi byt nastaveno

Route Pattern Configuration Related Links: ELUY

B Save x Delete Copy EDH Add New

rStatus

@ Status: Ready

r Pattern Definition

Route Pattern® 0.6

Route Partition TestTeam -
Description voice blue next

Numbering Plan -- Mot Selected --

Route Filter < None >

MLPP Precedence® Standard A
Resource Priority Namespace Network Domain = None = -

Route Class* Standard -
Gateway/Route List™ TestTeam ~ (Edit)

Route Option @ Route this pattern

" Block this pattern kKein Fehler -
call Classification™® OffMet -
[C] Allow Device Override Provide Outside Dial Tone [ Allow Overlap Sending ] Urgent Priority
] Require Forced Authorization Code

Authorization Level* 0

[ Require Client Matter Code

,PreDot” pro odstranéni 0.

o Pokud provedete zménu, je potieba nejdfive zmény ulozit a poté aplikovat!!



rCalling Party Transformations
Ouse Calling Party's External Phone Number Mask
Calling Party Transform Mask
Prefix Digits (Qutgoing Calls)
Calling Line ID Presentation®  Default
Calling Name Presentation™® Default
Calling Party Number Type® Cisco CallManager
Calling Party Numbering Plan* Cizco CallManager

r Connected Party Transformations
Connected Line ID Presentation™ Default

Connected Name Presentation™  Default

—Called Party Transformations

Discard Digits [ : PreDat

Called Party Transform Mask
Prefix Digits (Outgoing Calls)
Called Party Number Type®  Cisco CallManager
Called Party Numbering Plan* Cizco callManager

~ISDN Network-Specific Facilities Information Element
Network Service Protocol - Not Selected --

Carrier Identification Code

Network Service Service Parameter Name
-- Mot Selected -- * || < Mot Exist =

2) Vytvoreni nového trunku

Pro pfidani nového trunku jdéte do menu Device = Trunk - Add new

Service Parameter Value

Musite nastavit typ trunku (Trunk Type): SIP Trunk a pouzity protokol (Device protocol) SIP.
Navigation

almln Cisco Unified CM Administration

CISCO  ryp cisco Unified Communications Solutions

System »  CallRouting = Media Resources »  “oice Mail » Device = Application +  User Management

Trunk Configuration

Bulk Administration -

cisco About Logout

Help -

. Mest

CCIELEL R Back To Find/List >

Status
’7® Status: Ready

Trunk Information A |
Trunk Type®  [51p Tronk =]
Device Protocol® | SIp =

- Mext |

® *- indicates required item,



Nastavte trunk jako je uvedeno nize:
aliali, Cisco Unified CM Administration TVEREIN Cisco Unified CM Adrministration ~||_Ga |

€IS€0  rur cisco Unified Communications Solutions cisco About Logout

System = CallRouting Media Resowrces »  Voice Mail = Device = Application ~  User Management = Bulk Administration = Help +

G RTEG R S Back To Find/List -

B Save xDalete %Reset z Apply Config EEZ Al Mewe

rStatus

@ Status: Ready

rDevice Information

| v

Product: SIP Trunk

Device Protocol:

Device Name* 2M_\oiceBlue_Next

Description |2N_VnicaBIue_Next b
Device Pool* | Testing E
Caommon Device Configuration |< None = | -
Call Classification® IUse System Default ;I
Media Resource Group List |MRGL_TestTaam ;I
Location * |Hub_None ;I
AAR Group |< Mone = LI
Packet Capture Mode*® INona ;I
Packet Capture Duration |g

™ Media Termination Paint Required

2 Retry Video Call as Audio

[ Transrmit UTF-& for Calling Party Marme
™ Unattended Part

™ SRTP allowed - When this flag is checked, Encrypted TLS needs to be configured in the network to provide end to end security. Failure to do so
will expose keys and other information,
Use Trusted Relay Point® | Default ;I

Vyhledavani volajiciho (Calling Search Space) je nastaveno pro pfichozi hovor do CCM. V TestTeam

s v

je nastaveno jaka ¢isla jsou povolena pro volani.

rIncoming Calling Party Settings

If the administratar sets the prefix to Default this indicates call
processing will use prefix at the next level setting
(DevicePool/Service Parameter), Otherwise, the valus
configured is used as the prefix unless the field is empty in
which case there is no prefix assigned.

Clear Prefix Settings I Default Prefix Settings

Use
Number o Device
e Prefix Strip Digits ol ta
C5S
Unknown [pefault Jo ¥ [<None =

MNumber

—Multilevel Precedence and Preemption (MLPP) Information

MLPP Domain | = Mone = ;I

rCall Routing Information

[ Rermote-Party-1d

pnsserted-ldentity -
Asserted-Type™ [Default

L] 1]

SIP Privacy® [efaule

rInb d calls
Significant Digits* |,q|| =1
Connected Line ID Presentation I Default ;I
Connected Name Presentation®  [Default =
Calling Search Space TestTeam 1=
AAR Calling Search Space TestTeam 1=

Frefix DN |

| Redirecting Diversion Header Delivery - Inbound

AAR (Alternative Call Routing) neni potfeba nastavit. Zalezi na pozadavcich uZivatele.



Cilova adresa (Destination address) je IP adresa 2N® VoiceBlue Next.

SIP Trunk bezpecnostni profil (SIP Trunk Security Profile) musi byt nastaven jako: nezabezpeceny SIP
Trunk profil. (Non Secure SIP Trunk Profile).

r Outbound calls

Called Party Transformation C55 |TestTearn ;I

¥ Use Device Fool Called Party Transformation CS5

Calling Party Transformation CS5 I TestTeam ;I

¥ Use Device Pool Calling Party Transformation C55

Calling Party Selection™® | Originator ;l

Calling Line ID Presentation™® |Dafault ;I

Calling Mame Presentation® IDafauIt ;I

Caller ID DM |

Caller Name |

- Redirecting Diversion Header Delivery - Outbound

rSIP Information

Destination Address |132.168.22.26
Destination Address IPvE |
7 Destination Address is an SRY
Destination Port™® ISDGD ]
MTF FPreferred Originating Codec® Fllulaw ;I
Presence Group™® | Sfapdard Precence gronn |
SIP Trunk Security Profile® Mon Secure SIP Trunk Profile g
Rerouting Calling Search Space TestTeam 3
Qut-Of-Dialog Refer Calling Search Space I TestTeam ;I
SUBSCRIBE Calling Search Space |TestTeam ;I i
SIP Profile® | Standard SIP Profile =l
DTMF Signaling Method* | RFC 2833 |
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