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Configure SPA3000 as SIP Trunk | FreePBX 13 (PJSIP)

Criado por SupaYoshi, ultima alteragdo em 23 nov , 2015

When someone tries to connect their FreePBX system to an analog PSTN line, an ATA can be used like the SPA3000, SPA3102, etc. This tutorial takes
the SPA3000, aka SPA3K into focus and connects the SPA as an FXO port to the FreePBX system.

Step-by-step guide

Before we start our step-by-step guide, there are a few things to understand and make any needed troubleshooting easier later on. We are going to
configure the SPA3000 with all the correct settings, and we are going to setup the FreePBX distro to match these settings.

This is done by:

= A, creating an extension for the SPA3000 on the FreePBX system. (will be used for any incoming calls on the PSTN line, to be forwarded to the
FreePBX system)

= B, creating a trunk on the FreePBX system. (will be used for any outbound calls to the PSTN line.

= C, creating the necessary outbound and inbound routes.

To start lets create an extension in FreePBX to be used for the SPA3000.

1. Go to the webui interface, and go to the extensions page, create a PJSIP extension.

2. You can pick any extension number for this, but we will need this in further steps for the SPA3000 settings, also note down the password.
3. Itis not required to add an user for this account so don't add an user, unless you really feel like you do need it.

4. Now it's time to go to the SPA3000 webui. Of course, we don't have to explain how to get there in this howto.

The SPA3000 configuration.
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Info | System | SIP | Provisioning | Regional

System Information

1. Login as admin and go to advanced, you will see an page similar to this, one, to start let's go to Line 1. (part A)

nksys Fhone Adapter Conhguration

Line 1 | PSTN Line | User 1 | PSTN User =

in advance

DHCP: Enabled Current IP: 10.15.1.143
Host Name: FXO_VOX Domain: lan

Current Netmask: 255.255.255.0 Current Gateway: 10.15.1.1
Primary DMS: 8.8.8.8

Secondary DNS: 8.5.4.4 10.15.1.1

Product Information

Product Name: SPA-3000 Serial Mumber: CHY11FCO0314
Software Version: 3.1.10(Gwd) Hardware Version: 3.0.1(1448)
MAC Address: 0018F8AD0313 Client Certificate: Installed
System Status

Current Time: 11/23/2015 14:41:28 Elapsed Time: 04:52:17
Broadcast Pkts Sent: 1] Broadcast Bytes Sent: 0
Broadcast Pkts Recv: 8062 Broadcast Bytes Recv: 1166513
Broadcast Pkts Dropped: 0 Broadcast Bytes Dropped: 0

RTP Packets Sent: 39808 RTP Bytes Sent: 6369280
RTP Packets Recv: 39742 RTP Bytes Recv: 6358720
SIP Messages Sent: 633 SIP Bytes Sent: 296241

SIP Messages Recv: 633 SIP Bytes Recv: 342766
External IP:

Line 1 Status

Hook State: on Registration State: Failed

Last Registration At: 0/0/0 00:00:00 Next Registration In: 464 s
Message Waiting: No Call Back Active: No

Last Called Mumber: Last Caller Number:

Mapped SIP Port:

Call 1 State: Idle Call 2 State: Idle

Call 1 Tone: MNone Call 2 Tone: MNone

Call 1 Encoder:

Call 1 Decoder:

Call 1 Fax:

Call 1 Type:

Call 1 Remote Hold:
Call 1 Callback:

Call 1 Peer Name:

Call 1 Peer Phone:

Call 1 Duration:

Call 1 Packets Sent:
Call 1 Packets Recy:
Call 1 Bytes Sent:

Call 1 Bytes Recv:

Call 1 Decode Latency:
Call 1 Jitter:

Call 1 Round Trip Delay:
Call 1 Packets Lost:

Call 1 Packet Error:

Call 1 Mapped RTP Port:

Call 2 Encoder:

Call 2 Decoder:

Call 2 FAX:

Call 2 Type:

Call 2 Remote Hold:
Call 2 Callback:

Call 2 Peer Name:

Call 2 Peer Phone:

Call 2 Duration:

Call 2 Packets Sent:
Call 2 Packets Recv:
Call 2 Bytes Sent:

Call 2 Bytes Recwv:

Call 2 Decode Latency:
Call 2 Jitter:

Call 2 Round Trip Delay:
Call 2 Packets Lost:

Call 2 Packet Error:

Call 2 Mapped RTP Port:

2. At the line 2 page, check the following settings they are very important for this to work! A few notes about these settings:
- We are using PJSIP so the port is by default 5060 on FreePbx 13.
- Proxy should be the IP address of your FreePBX system. Register should be on yes, and make the rest of the settings match too.
- Subscriber information: The USER ID and password should match the extension that you created earlier during this tutorial.
- The preferred codec | use is g711a or g711u.



Line Enable: ves ¥

Streaming Audio Server (SAS)

SAS Enable: no ¥ SAS DLG Refresh Intvl: 30

SAS Inbound RTP Sink:

NAT Settings

MAT Mapping Enable: no ¥ NAT Keep Alive Enable: no ¥

MAT Keep Alive Msg: SMOTIFY NAT Keep Alive Dest: SPROXY

MNetwork Settings

SIP TOS/Diffsery Value: 0x68 Network Jitter Level: high

RTP TOS/DiffServ Value: 0xba Jitter Buffer Adjustment: up and down ¥

SIP Settings

SIP Part: Lsos0 k1P 100REL Enable: no v

EXT SIP Port: Auth Resync-Reboot: yes ¥

SIP Proxy-Require: SIP Remote-Parky-10: ves ¥

SIP GUID: no ¥ SIP Debug Option: none

RTP Log Intvl: 0 Restrict Source IP: no ¥

Referor Bye Delay: 4 Refer Target Bye Delay: 0

Referee Bye Delay: 0 Refer-To Target Contact: no ¥

Sticky 183: no ¥

Call Feature Settings

Blind Attn-Xfer Enable: no MOH Server:

Xfer When Hangup Conf: yes ¥

Proxy and Reagistration

Proxy: 10.15.1.183 Use Qutbound Proxy: no ¥

Outbound Proxy: Use OB Proxy In Dialog: yes ¥

Register: yes ¥ Make Call Without Reg: ves ¥

Register Expires: 3600 Ans Call Without Reg: ves ¥

Use DNS SRV: no ¥ DMS SRV Auto Prefix: no ¥

Proxy Fallback Intvl: 3600 Proxy Redundancy Method: MNormal A

Voice Mail Server: Mailbox Subscribe Expires: 2147483647

Subscriber Information

Display MName; FXOy 03 ser ID: 151 I
I Password: s& Auth IL: no ¥

AUth 10:

Mini Certificate:

SRTP Private Key:

Supplementary Service Subscription

Call Waiting Serv: yes ¥ Block CID Serv: yes ¥

Block ANC Serv: ves ¥ Dist Ring Serv: ves ¥

Cfwd all Serv: yes ¥ Cfwd Busy Serv: yes ¥

Cfwd Mo Ans Serv: ves ¥ Cfwd Sel Serwv: ves ¥

Cfwd Last Serv: ves ¥ Block Last Serv: ves ¥

. After you do all this click on submit all changes to make sure the SPA3000 saves all the settings.

. It's time to setup the PSTN line settings in the SPA3000. Go to the PSTN LINE tab on the webui. (part B)

. It's very important to understand the following, you are going to make up an username and password during this step that is going to be the
username and password to authenticate with the SPA for the trunk later on.
The User ID & Password are required for the trunk, note them down.

. Note that the dialplan should match the DID number you want to use for the inbound route, this can be anything easier is to use the PSTN
number from your Telco.

. Also note the setting, PSTN caller default DP, this should match the row of dialplans, in this case, 2.

LN .



8. The SIP port here should be the port that the trunk is going to register too (from FreePbX to SPa3000) so this should match later on.
]

User Login  basic | advanced

Info | System | SIP | Provisioning | Regional | Line 1| PSTN Line | User 1 | PSTN User

Line Enable: yes ¥

NAT Settings

MAT Mapping Enable: no ¥ MAT Keep Alive Enable: no ¥
MAT Keep Alive Msg: SMOTIFY MAT Keep Alive Dest: SPRONY

Metwork Settings

SIP TOS/DiffServ Value: 068 Metwork Jitter Level: low T
RTP TOS/DiffServ Value: 0xba Jitter Buffer Adjustment: disable A
T b e
I:-TF‘ Port: 2082 I-IP 100REL Enable: no ¥
EXT SIP Port: Auth Resync-Reboot: yves ¥
SIP Proxy-Require: SIP Remote-Parky-10: ves ¥
SIP GUID: no ¥ SIP Debug Option: none A
RTP Log Intvl: 0 Restrict Source IP: no ¥
Referor Bye Delay: 4 Refer Target Bye Delay: 0
Referese Bye Delay: 0 Refer-To Target Contact: no ¥
Sticky 183: no ¥
Proxy: 10.15.1.183 lse Outbound Proxy: no ¥
CQutbound Proxy: lJse OB Proxy In Dialog: yes ¥
Register: ves ¥ ake Call Without Reg: ves ¥
Register Expires: 3600 s Call Without Reqg: yes ¥
Use DNS SRV no ¥ DNS SRV Auto Prefix: no ¥
Proxy Fallback Intvl: 3600 Proxy Redundancy Method: Normal v
Subscriber Information
Display Name: !Jser 10; pstnépn2015
Password: EEEER e Wse Auth ID: no ¥
Auth ID:
Mini Certificate:
SRTP Private Key:
Dial Plans
Mi=] Pl=pn {- (VIR
I Dial Plan 2: S0(<:vourDIDnumber=] I
Dial Plan 3: (.
Dial Plan 4: (xx.])
Dial Plan 5: (3x.])
Dial Plan 6: (2x.]
Dial Plan 7: (xx.])
Dial Plan &8: (a.)
CTR F:fw”n
WVoIP-To-PSTN Gateway Enable: yes ¥ WoIP Caller Auth Method: none r
WoIP PIN Max Retry: 3 One Stage Dialing: yes ¥
Line 1 VoIP Caller DP: 1 v VoIP Caller Default DP: 1 v

Line 1 Fallback DP: none ¥

STt o L e T

WoIP Access List:

WoIP Caller 1 PIN: WoIP Caller 1 DP: 1 r
VolP Caller 2 PIN: WoIP Caller 2 DP: 1 v
WolIP Caller 3 PIN: WolIP Caller 3 DP: 1 r
WoIP Caller 4 PIN: WoIP Caller 4 DP: 1 r
WoIP Caller 5 PIN: WoIP Caller 5 DP: 1 r
WoIP Caller 6 PIN: WoIP Caller 6 DP: 1 r
VolP Caller 7 PIN: VoIP Caller 7 DP: 1 v
WoIP Caller 8 PIN: WolP Caller 8 DP: 1 r



PSTN-To-VoIP Gateway Setup

PSTN-To-VoIP Gateway Enable: yes ¥ PSTN Caller Auth Method: none ¥
PSTN Ring Thru Line 1: no ¥ PSTM PIN Max Retry: 3
PSTN CID For VaolIP CID: ves ¥ PSTN CID Mumber Prefix:

PSTN Caller Default DP: 2 Off Hook While Calling VoIP: no ¥
Line 1 Signal Hook Flash To PSTN: Disabled ¥ PSTH CID Mame Prefix:

PSTM Caller ID Pattern:

PSTN Access List:

PSTM Caller 1 PIM: PSTH Caller 1 DP: 1 v
PSTM Caller 2 PIN: PSTH Caller 2 DP: 1T
PSTM Caller 3 PIM: PSTH Caller 3 DP: 1 v
PSTN Caller 4 PIN: PSTN Caller 4 DP: 1 v
PSTN Caller 5 PIN: PSTN Caller 5 DP: 1 v
PSTM Caller 6 PIM: PSTH Caller 6 DP: 1 v
PSTM Caller 7 PIN: PSTHN Caller 7 DP: 1T
PSTH Caller 8 PIM: PSTH Caller 8 DP: 1 v

O Themn me Lim i emm fmm

9. Finishing the above setup it's time to setup a trunk in FreePBX. Submit all changes to the webui of the SPA3000 and return to FreePBX.
10. We are going to create a chan_sip because | could not get PJSIP trunk to work with FreePBX.

General

Trunk Name ©

Hide CallerlD @

CID Options @

Maximum Channels @

Asterisk Trunk Dial Options
12]

Continue if Busy @

Disable Trunk @

Dialplan Manipulation Rules

sip Settings
pstn_fxo
=
Allow Any CID Block Foreign CIDs

L

-
-

-2

Remove CNAM

Force Trunk CID

Submit Duplicate Reset Delete

11. You can setup the CallerID hide yes or no, set the maximum channels to 1 here! So that you can't get any problems with that.
12. Time to setup the sip settings, they are: note that username should match the User ID from step 5, and password should match the password

you provided the SPA3000 with.

General
Outgoing Incoming

Trunk Name @

PEER Details @

Dialplan Manipulation Rules

sip Settings

username

13. Submit and reload FreePBX.
14. It's time to create the inbound route and outbound route (part C)

user=username
type=friend
secret=password
qualify=yes
port=5062
nar=no

host=10.15.1.143

drmfmode=inband




15. Go to inbound routes and add a new inbound route.and match the DID number to the number provided in the SPA3000 earlier.
Add Incoming Route

General Advanced Privacy Fax Other
Description @ SPA3000_inbound
DID Number @ I yourDIDnumber

CallerlD Number @

CID Priority Route © Yes “

Alert Info @
CID name prefix @

Music On Hold @ Default

Set Destination @ I == choose one ==

16. Set a destination (for example extension). Save and reload. -> Inbound calls should now work from PSTN.
17. Setting up the outbound route, works like any other outbound route, you make a dialplan, select the trunk to be used for any calls matching it, and

apply.

spa3000 ata kb-how-to-article

5 Comentarios
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harryhirsch
Hi,
After some hours "try and errors", | get work a SPA3102 as PJSIP Trunk.
All necessary values to register the trunk in Freepbx will be found in the SPA3102 "PSTN Line" folder.
As | do not have permissions to attach my screenshots, here the text version of my my PJSIP Trunk settings :
General :
Trunk Name = SPA3102 "User ID:" value
Outbound CallerlD = SPA3102 "Dial Plan 2:" DID value

PJSIP Settings:
General :
Username : same as "Trunk Name" = SPA3102 "User ID:" value
Secret : SPA3102 "Password:" value
Authentication : "Outbound"”
Registration : "Receive"
Advanced
Contact User : same as "Trunk Name" = SPA3102 "User ID:" value
Codecs

depends on your settings in the SPA3102 "Preferred Codec:", by default it will be ulaw (G711u)

THAT's it !!!!

Very very simple and it work :

Endpoint: PSTN Not in use 0 of inf
OutAuth: PSTN/PSTN
Aor: PSTN 1
Contact: PSTN/sip:PSTN@172.31.254.102:5061 Avail 14.179
Transport: 0.0.0.0-udp udp 0 0 0.0.0.0:5060
stephendt

Unfortunately this guide isn't working for me on FreePBX 13 with Asterisk 13. I've followed it to the letter, but when | try to call the PSTN line,
my softphone doesn't ring (softphone works fine otherwise). Trunk will register and I've triple-checked everything and it should be working
with my SPA3000, but not having any luck. Parts of this guide are a little ambiguous unfortunately. I'll probably create a thread about this - |
get the following log entries in the Asterisk console:

[2016-10-08 17:14:48] NOTICE[5578]: res_pjsip/pjsip_distributor.c:525 log_failed_request: Request 'INVITE' from "pstn"
<Sip:XXXXXXXXXX@192.168.1.47>' failed for '192.168.1.25:5062' (callid: 29189091-56f96099@192.168.1.25) - No matching endpoint found
[2016-10-08 17:14:48] NOTICE[5578]: res_pjsip/pjsip_distributor.c:525 log_failed_request: Request 'INVITE' from "pstn"
<Sip:XXXXXXXXXX@192.168.1.47>' failed for '192.168.1.25:5062' (callid: 29189091-56f96099@192.168.1.25) - No matching endpoint found
[2016-10-08 17:14:48] NOTICE[5578]: res_pjsip/pjsip_distributor.c:525 log_failed_request: Request 'INVITE' from "pstn"
<Sip:XXXXXXXXXX@192.168.1.47>' failed for '192.168.1.25:5062' (callid: 29189091-56f96099@192.168.1.25) - Failed to authenticate
[2016-10-08 17:14:48] NOTICE[5578]: res_pjsip/pjsip_distributor.c:525 log_failed_request: Request 'INVITE' from "pstn"
<Sip:XXXXXXXXXX@192.168.1.47>' failed for '192.168.1.25:5062' (callid: 29189091-56f96099@192.168.1.25) - No matching endpoint found
[2016-10-08 17:14:48] NOTICE[5578]: res_pjsip/pjsip_distributor.c:525 log_failed_request: Request 'INVITE' from "pstn"
<Sip:XXXXXXXXXX@192.168.1.47>' failed for '192.168.1.25:5062' (callid: 29189091-56f96099@192.168.1.25) - Failed to authenticate

SupaYoshi

I no longer use this setup, so | cannot test what's wrong, did you ever figure it out stephendt?

And where is your thread? / cannot find it on google.
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stephendt
Hey SupaYoshi,
Thread is here: http://community.freepbx.org/t/linksys-spa3000-pstn-gateway-w-freepbx-13-inbound-not-ringing/37496

It remains unsolved. Not too sure what the problem is. Would an existing "catchall" inbound route for my existing SIP service be conflicting
perhaps?

Karl Hakimian

Same problem here, I've added information to the above thread. The short answer is the pjsip trunk is not accepting calls from the sipura3000
device because the caller id information makes it unknown. Turning off caller id gets calls through, but | haven't figure out how to get them
through with caller id.
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