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How to Build a Simple Virtual Office PBX System
Using TekSIP and TekIVR

This document explains how to build a simple virtual office PBX system using TekSIP and
TekIVR. In this example following components are used:

e VoIP Gateway. VoIP gateway is used for PSTN interfacing. AudioCodes MP-118 with
FXO ports (Version ID 6.60A.228.011).

e Soft IP Phone. Xten eyebeam (Version 1.1).

e TekSIP (Version 3.4.7).

e TekIVR (Version 2.3.4).

You can see how virtual PBX components organized on the office LAN in the diagram below:

TekSIP/TekIVR
192.168.1.4

— VoIP Gateway
M 192.168.1.8

Soft IP Phone IP Phone
7770001 7770002
192.168.1.4 192.168.1.5

Figure - 1. Sample Topology

IP Phones (Hard or soft) on the office LAN can dial each other through TekSIP when they register
themselves to TekSIP. You can configure an alternative extension when the extension is not
available to answer the call (Off-line, busy, etc.) while adding the extension. You can also route
calls to recipients not in TekSIP’s registration database to a SIP route based on called number. You
can route PSTN numbers to voice gateway which has PSTN connections. It’s also possible that you
can route incoming PSTN to local SIP endpoints. Routing definitions can be made in Routing tab of
TekSIP Manager.

TekSIP Configuration

TekSIP configuration is very simple. Select an IP address to be listened from detected IP address
list. You do not need change default port number 5060 will be used. Although you should use a
DNS registered domain name, in our simple virtual PBX system we can use IP address of SIP
Proxy as SIP domain. As we’ll use a SIP Gateway, default route type will be SIP UA. You can
enable logging optionally. SIP endpoint and session authentication is enabled by default.
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' TekSIP 3.4 - [192.168.1.4] - 192.168.1.4:5060 = B

File  Service Help

Registrations ] Active Sessions ] Endpoints ] Routing ] Application Log ] Recordings 5
Service Parameters Accounting Authentication Services Counters

Service Parameters
Listen IP Address | Port | Transport = [192.162.14 ~| [5060  |UDP&TCF |
TLS Port | Server Certificate = [5051  |bke | &

SIP Domain = |132.168.1.4
Use External Address - [ |7
UPnP Update Period : m minutes

Enable STUN Server: |
ENUM Lookup Enabled - [
B2BUA for 3ox Responses - [

Startup Mede | Logging - |Manual ﬂ |Debug j
Save Registrations - v

[@] [9rerer | [Eooo | [lsove | (]

TekSIP Service is started. &

Figure - 2. TekSIP Configuration

If you choose to use TekSIP with “Authentication Enabled”, you need to define SIP endpoints in
“Endpoints” tab.

& TekSIP 3.4 - [192.168.1.4] - 192.168.1.4:5060 = B
File  Service Help
Registrations ] Active Sessions l Routing ] Application Log ] Recordings ] Seftings ]
Endpoint Redirect to Endpaint
& 10 Mone
& None
' 555 Mone
|N0ne j | %= Add/Update || X Remove |
Tek5IP is started. Listening on 192,168.1.4:3060 [Accounting disabled] &

Figure - 2. TekSIP Endpoints

TeklIVR Settings

You can use TekIVR as a call attendant for incoming calls from PSTN. If you define SIP extensions
also in TekIVR and specify TekSIP as a SIP presence server, TekIVR will query presence status of
defined extensions. This will enable TekIVR to check extension status prior to transfer a call. You
can transfer the call to another extension or request a new extension from the caller. You should
have prerecorded audio files or messages to be synthesized by TTS for your IVR scenario;
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A welcome message and request entry for an extension

A waiting announcement to be played out while transferring the call

A notification message if dialed extension busy

A request for a new extension if dialed number is unavailable to receive the call

Basic settings for TekIVR is shown below. Please note that TekSIP account is also defined as a
presence server. You should set Startup Mode = Auto. Logging should also be set to “None”.

|| B Hep
3 Service Montor | i} & | & Voce Messages (i Settrgs | L4 Sceraco Edtor |
SIP Accourts | Vokce Mal | Cowrten |

Listen 1P Address | Poet = 1321651 4 =} [0
Presence Server = jisoo =}
Use Extermal Address - 1 [

UPnP Update Pertod - ‘C‘ -I-ua

Logging | Startup Mode - Dot =] [Manssl -l

Transier Method | DTMF Tranaport - [Si7 AEFER | [rrczem -

Recognition Locale | TTS Voice = [Exgieh (Lrbed ke v| |Mcrosh Dovd Dediop )
St Minimized - |~

[ WTTP Server —
Enable HTTP Server - [
:|8}21

Login Password - [~

This condition has been defined before.
Figure - 3. TeklVR Settings

You need to define TekSIP as a SIP account.

| Hhe  Hep
3 Service Montor | §# E | £ VoceMessages 3 Sengs | 4] Scenano Edber |
Service 'IQM‘J Voco Mal  Countens
~SP A
[P Accouts || Geew 19216814
ok 5060
999
“eee
19216814
Yes
3600

Yes
uoP

Gatewsy
Selact / set SIP Server for this accourts. Enter an P addwess or 3 FODN

i TP = SH1

This condition has been defined before.

Figure - 4. TekSIP account definition in TekIVR
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There must be an extension for TekIVR in TekSIP. Extension # 999 is defined for TekIVR in
TekSIP. You should also define extensions in TeklVVR.

F '
Eile  Help
(4 Servoe Mortor | 8F Beneos | /% Voice Messages | 7 Settrgs | 4] Scensno Edéor |

‘1‘0 V 2 Yo @apton net Yes
&n n Pante duma@agls Yes

I J ferte emal sddra Yoo =] [ Jrcd/tpane | [ X Aenove |

| This condition hias been defined before. Stated ¥

Figure - 5. Extensions in TekIVR

TeklVR Scenario

You need to define prompts to be used in your IVR scenario prior to create your I\VVR scenario. You
can either use TTS or prerecorded audio files (16 bit, 8 KHz, mono wave).

Ele. Help
3 Servce Montor | 3% Eensons | 2 Voice Meseages | (3 Semngs 1] Sceram Edker |
[Frovete]  Sceraros

Dl Welcome . Thes 2 3 teet prompt
C\Program Fes (B8] Tek WA\ Prompts Kapian

nquuum—a’a

This condition has been defined before.

Figure - 6. Prompts in TeklIVR

You can create an IVR scenario using TekIVR graphical scenario editor. TekIVR initially has a
default IVVR scenairo with a Play and Transfer action defined in it. Select Delete tool on tool bar
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and delete connection between Play action and Transfer action by clicking on the connection.
Please also delete Transfer action by clicking on it.

Click Select Tool on the tool bar. Select Play action in the scenario. Set properties of the Play
action.

F v
Ble. Hep
3 Service Montor | £8! Bxensions | &2 Voice Meseages | (' Sengs (] Scmram Edeer |
Promets Im
, 0 X [Tar | [ [ovmn| [ome] owtw [2mec| o [oo| [EERR 2l2

Scenaco Name g
e Flay Evsuste Wat  Beecute Treefer  Recod Syrthesse Ststus (= _)LIQJ

Figure - 7. First Play action in the scenario

Set Prompt parameter to your welcome message. Click Add Tool on the tool bar and drag and drop
following actions to scenario screen; Status, Transfer, Play, Play.

¥ ,
Eile. Help
3 Servce Montor | 33 E | & Voice | G Semrgs ] Scorem Edeer |
Promees lSwwm
[ o] [oom) o] o] o] [eme] [ooee] (o] B 1521
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3 oo |
[+ :mhf

Lamy

Action Play sdded to scenanc with action Id » 6 {207, 29)

Figure - 8. Adding other actions

Click Link Tool on the tool bar. Select Play action in the scenario. Drag and drop to Stat action.
This will link first play action to Status action.

© 2013-2018 KaplanSoft - All rights reserved - https://www.kaplansoft.com/ 5



How to Build a Simple Virtual Office PBX System Using TekSIP and TekIVR - Kaplansolt
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Figure - 9. Linking first Play action to Status action.

Click link tool again, click Stat action and drag and drop to Xfer action. TekIVR will transfer the

call if dialed extension is available to receive the call after this procedure. You should also specify a
prompt in Transfer action properties.

Bl Hep
' =% X lamoy | (ol | (o] |omer | omie | [2mec | esm [ b % ]

Scararo Nare :
ScoaoNave | Play Evsute Wst Brote Torsfe Recod Syethesse 3o Be 2(_]@

[oom ]

—

Caled N Estersion
Vaid Days Onlre Action
St Time 00:00 Cffire Action
End Tme 23:59 Busy Acticn
_ Mawrum 1 10 )
Called Numbes Extension
Specty caled rumberfor this Specty 30 g : |_dgta to Sangder 10 the Leer daled rumber
scenano

Online status acticn = bound to Transfer-4

Figure - 9. Linking Status action to Transfer action
Click link tool again, click Stat action and drag and drop to second Play action twice. This will

instruct TekIVR to play a notification message to caller party announcing that called party is
unavailable to receive the call.
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| =% % [T, awn | |t | Yiee | | enec s
s | lomwv] funt] (k] jowes] forew] [omst] o
et

WX,E

M Evsuste Wn Eno.lz Taarsfer

gt Temecue
Digt Lengen
Prompt
Count

: Loop count for the prompt: select 3 vakse between 333

Digt Timeout updated for the action Play-5 (Play).

Figure - 9. Linking Busy and Offline cases of Stat action to second Play action

Link second Play action to third Play action to request a new extension from the caller.

Ele Help

3 Service Morkor | 3 B
[ =] % % [7
| ScoaoMame | | p
defmd

| & Voor Memsages | 7 Setngs ] Soerao Eokor |

Caled N
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End Tme 23:59
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C‘dnd-
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Figure - 9. Linking second Play action to third Play action to request a new extension

Finally link third Play action to Stat to check presence status of the new dialed extension
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Figure - 10. Linking Third Play action back to Status action
Soft IP Phone Configuration

You can use any SIP soft phone in you virtual PBX system. You can see sample configuration for
eyebeam:

Choose Setting Category [+|Enable this SIP account
[=I-SIP Accounts User Details
[#-192.168.1.4
. [ Add a New SIP Account
-- Media User name
-- System
-- User Interface fosas
Diagnostics

Display Mame

Authorization user name

Domain

Domain Proxy

Register with domain

[ ]use as Qutbound Proxy
[IManual Override  Haosk

SIP Listen Port

[IManual override

Figure - 11. eyeBeam Configuration
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VolP Gateway Configuration (AudioCodes MP-118 FX_FXS)

An AudioCodes MP-118 is used in our Virtual PBX system to interface with PSTN. TekSIP is
configured to forward calls to endpoints which are not in registration database to MP-118.

& TekSIP 3.4 - [192.168.1.4] - 192.168.1.4:5060 = B
File  Service Help
Registrations | Active Sessions ] Endpoints ]Pupplication Log ] Recondings ] Settings ]
Prefix Gateway 192.168.1.8
defautt Port 5060
Type SIP UA
Usemame
Password
Domain 192.168.1.8
Register No
Registration Timeout 3600
Remowve Prefix No
Enabled Yes
Transport uDpP
Gateway
Select / set gateway for this route. Enter an IP address ora FQDM.
Prefix - ] [ %= Add Route | [ X Delete Route |
TekSIP is started, Listening on 192,168,1.4:5060 [Accounting disabled] - [External IP Address: 78,180

Figure - 12. TekSIP default route

Configure MP-118 FXO_FXS to route calls to PSTN as follows. You must submit configuration
changes, burn to flash and re-start the gateway after the configuration.

-
Usze Default Proxy Mo W
Proxy Name 192.168.1.8
Redundancy Mode Parking W
Prowy IP List Refresh Time G
Enable Fallback to Routing Table Dizable W
Prefer Routing Table Mo W
Always Use Prowy Dizable v
Enable Registration Dizable W
Gateway Name 192.168.1.8
Gateway Registration Name 182.168.1.8
Subscription Mode Per Endpoint W
User Mame 20
Password *
Cnonce Default_Cnonce
Registration Mode Per Endpoint W

Figure - 13. MP-118 FXS_FXO, SIP Definitions / Proxy & Registration
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Hunt Group ID

Channel Select Mode

Registration Mode

| Cyclic Ascending

Dan't Register u

Figure - 14. GW and IP to IP / Hunt Group / Hunt Group Settings

1

Il

Channel(s) Fhone Number Hunt Group ID Tel Profile ID
: | |58 ] HEE | [ o |
2 | | |1 [ | |1 |
3 | ] ||| ] |
a || ] ||| ] |
5 | | ] R ] |
5 | | ] [ | ] |
Figure - 15. GW and IP to IP / Hunt Group / Endpoint Phone Number
g:‘g‘ug“{g Dest. Phone Prefix Source Phone Prefix N Dest. IP Address Port Transport Type Gl::iit'; IIFE’) IP Profile GrgﬁitID
1| I I || [[192.168.1.4 ||[sos0[|[uoe [v] o
2| |l | ||l I | [ot Configurea [ [ ]
3| I I | II | ot configurea V] [ ]
Figure - 16. Routing / Tel to IP Routing
Dest. Phone Prefix Source Phone Prefix Source 1P Address -=| Hunt Group ID | IF Profile ID
1| [ || || [192.168.14 | L | |0 |
2| | ] || InmEN |
3 | | || IR |
Figure - 17. Routing / IP to Hunt Group Routing
Hotline
Gateway Destination Phone Auto Dial Dial Tone
Port Mumber Status Duration
[zec]
Port 1 FXS | | Enable | v o |
Port 2 FXS | | ‘Enable | v o |
Port 3 FXS | | ‘Enable |v| o |
Part 4 FXS | | ‘Enable |v| o |
Port 5 FXO 999 | D
Port 6 FXO 999 |

Figure - 18. Analog Gateway / Automatic Dialling
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-

Dialing Mode One Stage W
Waiting for Dial Tone Mo W
Time to Wait before Dialing [msec] 1000

Ring Detection Timeout [sec] ]

Reorder Tone Duration [sec] 255

Answer Supervisian Mo W
Rings before Detecting Caller ID 1 W
Send Metering Message to IF Mo W
Disconnect Call on Busy Tone Detection (CAS) Enable W
Disconnect On Dial Tone Dizable W
Guard Time Between Calls 1

FXO Double Answer Dizable W
F¥O AutoDial Flay BusyTone Dizable W
FXO Ring Timecout [100 msec] 0

Figure - 19. Analog Gateway / FXO settings

Cisco is registered trademark of Cisco Systems, Inc. and/or its affiliates in the U.S. and certain
other countries.

AudioCodes is trademark of AudioCodes Limited.
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