Trunks  (1-7of7)

Find Trunks where | Device Name. ~ | begins witn v | J[Fina) [ Clear Futer | 4 |[ = |

| Select item or enter search text v |

m| Name i Calling Search Space  Device Poal | Route Pattern Partition [ Priority | Trunk Type SIP Trunk Status
SIP Trunk  Unknown - OPTIONS Ping not enabled
&
Sangona-PEX o BypassCSS Default 5010 AllPhones m nknown - ing not enable
& s PEX To PBX B Css Default 5010 AllPh: SIP Trunk Uk OPTIONS Pi t enabled
Sangona-PBX To PBX BypassCSS Default 5086 AllPhones SIP Trunk  Unknown - OPTIONS Ping not enabled
&
Sangena-PBX o BypassCSS Default 5003 AllPhones m niknown - ‘ing not enable
& s PBX To PBX B cSs Default 5003 AllPhe SIP Trunk  Unko OPTIONS Pi t enabled
Sangona-PBX To PBX BypassCSS Default B5XXX AllPhones SIP Trunk  Unknown - OPTIONS Ping not enabled
&
i il efaul nity Connection m ull Service
& Unity_Gi it Unity G t B: cs Default Unity_C: tionRG 1 SIP Trunk  Full Ser
0 & Unity Connection? ~ Unity Connection2 BypassCSS Default Unity Connection RG 2 SIP Trunk  Full Service

| Add New || select An || Clear Al || Delets Selected || Reset Selected |

Unfortunately each extension you want to transfer is going to require a new sip trunk on the
Cisco end. FreePBX you only need the one trunk. We have the standard 85XXX which will
match all of our FreePBX extensions if you dial 8 then as we slowly move over extensions from

one system to another we plan on doing dial pattern such as 500X, 501X. That will allow for 10
phones at once.
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Trunk Configuration
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SIP Trunk
lrsewic: Status: Unknown

Duration: Unknown

SIP Trunk
sip
None(Default)

[Sangona-PBX ]

[To PBX |
[ Default ~]
Common Device Configuration [<none> <)
Call Classification™ [ommet ~]
Media Resource Group List [< None > ~]
Location® [Hiub None -]
AAR Group (< None > ~]
Tunneled Protocol* (Nome 9]

QSIG Variant*

ASN.1 ROSE OID Encoding*

Packet Capture Mode *

Packet Capture Duration

Media Termination Point Required

Retry Video

Path Replac

e e P

Make sure that your voice gateway is accessible from your Device Pool. This tripped us up for a
while since we are not super savvy with Cisco Call Manager.




Trunk Configuration
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Path Replacement Support
[ Transmit UTF-8 for Calling Party Name
Transmit UTE-8 Names in QSIG APDU
[] Unattended Port
[[] SRTP Allowed - When this flag is checked, Encrypted TLS needs to he configured in the network to provide end to end security. Failure to do so will expose keys and other information.
Consider Traffic on This Trunk Secure™® When using both SRTP and Tl =
Route Class Signaling Enabled® | Default
Use Trusted Relay Point* \ Default v )
PSTN Aceess
Run On All Active Unified CM Nodes.
Media Engine (
E.164 Transformation Profile [ 2 None > =
MLPP and Ce ial Access Level i
MLPP Domain [< None > v
Confidential Access Mode [ < None > V)
Confidential Access Level | — none - v
(Call Routing
Remote-Party-1d
Asserted-Identity
Asserted Type* [ Default “
SIP Privacy™ [ Detautt )
‘Trust Received Identity* [ Trust Al (Default) v
1nbound calls
’— Significant Digits* [an 9
Called Party Transformation CSS (ENome>
Use Device Pool Called Party Transformation CSS
Calling Party Transformation CSS (ZNome>
Use Device Pool Calling Party Transformation CSS
Calling Party Selection® [originator )
Calling Line ID Presentation® [Defaurt )
Calling Name Presentation* [Defaurt )
Calling and Connected Party Info Format * [ Daliver DN only in connected parly )
Redirecting Diversion Header Delivery - Outbound
Redirecting Party Transformation CSS | < None > <)

Use Device Pool Redirecting Party Transformation CSS
[CJuse original calling line's Calling Line 1D Presentation for diverted calls

[ Anonymous Presentation

Presentation Number [ ]

Presentation Name [ ]

Send Presentation Name and Number only in the FROM header and not in the other identity headers

[ Destination Address is an SRV

Destination Address

Destination Addros 1790 Destination port staten e Durstion
1* [100 I 5060 N NA N

MTP Preferred Originating Codec* (F1taiaw

MTP Preferred Originating Codec® (710utaw =

BLF Presence Group* [ Standara Presence group v

SIP Trunk Security Profile* [ Sangoma Non Secure SIP Trunk Profile -

Rerouting Calling Search Space: (Subseribecss

Out-Or-Dialog Refer Galling Search Space | BypassCSS

SUBSCRIBE Calling Search Space [ Subscribecss v
SIP Profile * ['Standard SIP Profile ~ | view Details
DTMF Signaling Method* [Rrc 2633 v

Normalization Scribt [ < None >

Enable Trace
Parameter Name Parameter Value
1 I
@© None
© This trunk connects to a recording-enabled gateway
O This to other clusters with en gateways
Geolocation (< None > v

Geolocation Filter < None >

[ send Geolocation Information

[Save) [Delete] (Resot] [Add New)

D

Codec is set to G711ULAW for the best possible compatibility with FreePBX. Other Codecs may

work but G711 is the one that works best in our testing. Additionally make sure to set the DTMF
signaling method otherwise it won’t work.
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[Sangoma Nom Secure SIP Trunk Profic ]

[FroePBX_Trunic ]

[Non Secure g

[Tcp+upp =)
[uoe B

[ Enabte Digest Autnentication
Nonce Validity Time (mins)*

Secure Certificate Subject or Subject Alternate Name

Incoming Port* 5060

[ Enable Application level authorization

[ Aliow charging header

SIP V150 Outbound SDP Offer Filtering * (Use Default Filter

ol A tew 7] Seectat 77 Clear Al Hy Detete Sclces

Route Patterns (1 - 37 of 37)

Find Route Patterns where [Pattern < [[begins with_~ Find ) Clear Filter | & |[ =

0 Pattern * Description Partition Route Filter Associate d Deviee

o 5003 Sangoma Extension AllPhanes ‘Sancona:PBX B

As | said before just have a route pattern so that the extensions you move can be natively called
from a CUCM phone over to a FreePBX phone. If your fine with a steering digit you only need to
do one route pattern. Make sure the CSS/Partition that the SIP trunk is part of can use your
outbound dial patterns and just make sure to make equivalent ones in FreePBX and it should
route out perfectly fine.

| believe that is all on the Cisco side of things. Dialed Number Analyzer is your best friend.

Please note that IVRs will break. We have made the decision to move the IVRs over to
FreePBX early. If you use misc destinations in FreePBX you can set it to route the calls over the
CUCM for any remaining extensions on CUCM. If you try and dial an extension while within the
FreePBX IVR it will only go to a FreePBX phone there is no way that | know of to make it route
to CUCM.



FreePBX side config for the trunk.

Edit PJSIP Trunk

Inuse by 1 route

General | Dialed Number Manipulation Rules || pjsip Settings

PJSIP Settings

General Advanced Codecs
Username Authentication Disabled
Auth username @ Authentication Disabled
Secret Authentication Disabled

Authentication © Qutbound Inbound Both m

Language Code © Default
SIP Server @ 10.0x.x
SIP Server Port @ 5060
Context © from-trunk
Transport © 0.0.0.0-udp
Match (Permit) @ 10.0XXXXXX,10.0XX,10.1.XX]

Make sure your Match Permit covers literally any IP that CUCM may use to communicate with
your FreePBX. We had to make sure to put both of our UCM servers in the match permit as well
as our voice gateway. As well as the WAN address just to be safe.



[from-internal]
include => Cisco-Caling

[Cisco-Caling]

exten => _5XXX,1,NoOp(Starting custom failover for extension ${EXTEN})
same => n,Dial(PJSIP/${EXTEN},20)

same => n,Gotolf($["${DIALSTATUS}" = "CHANUNAVAIL"]?outbound)
same => n,Hangup()

same => n(outbound),NoOp(Routing ${EXTEN} through Cisco trunk with 9 prefix)
same => n,Dial(Local/9${EXTEN}@from-internal,30)
same => n,Hangup()

exten => 5XXX,n(outbound-failover),NoOp(Extension ${EXTEN} does not exist - failover
outbound)

same => n,Dial(Local/9${EXTEN}@from-internal,30)

same => n,Hangup()

Custom Config to put in Extensions_Custom
We decided to make it so that you have to dial 9 to get to the Cisco line. To prevent problems

we made this script that can tell if there is no phone with that extension available and it will send
it over to Call Manager.



