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ARISTEL 3 WAY MODEM & GATEWAY  

AN1003 
 

QUICK INSTALLATION GUIDE  
 

Case study 1  
 

Installation of Aristel 3 way Modem  Gateway  to use a landline (PSTN) 

and SIM card. 
 

The Aristel 3Way Modem & Gateway ( AN1003 ) can be used to connected a single 

telephone or IPPBX to allow calls to be made and received via three different trunk 

media.    The trunk media are: VoIP trunk, Mobile trunk and PSTN trunk. 

 

Setting up AN1003 Gateway to use Mobile trunk and PSTN trunk is  simple. 

 

1. Install a SIM card in the SIM chamber in the base of the AN1003 system. Insert  a 

Telstra, Next G, Optus, or  Vodafone 2/3G SIM card so that it goes into the 

SIM card holder. The SIM holder can be opened or closed  by sliding it up or 

down. DO NOT INSTALL SIM WHILE THE POWER IS ON. 

2. Connect the antenna cable. 

3. Connect a standard analogue (SLT) phone into the FXS port of the Gateway,  

using a two wire line cord. 

4. Using a two wire line cord, connect the FXO port of the AN1003 Gateway to the 

wall socket of the Telstra line. (or any PSTN line port of a service provider) 

5. Connect the given power supply unit to the system and power up the system. 

6. The AN1003 system is ready for use now.  

7. For a Mobile phone call, lift  the telephone handset and dial 0 first and then *  to 

get mobile dial tone. You can dial a mobile number and talk to the called party via 

SIM. 

8. For a Land line call, lift  the telephone handset and dial 0 followed by *  to get  

mobile dial tone. Then dial #  to get landline (PSTN) dial tone. Now you can dial 

out any  number and talk to the called party via PSTN, land line. 

9. Incoming calls, whether Mobile calls or Land line calls ring  on the telephone 

straight away. 

 

Note  Refer to step 31.  The AN1003 Gateway system is shipped programmed, so that 

all calls are diverted via SIM. Therefore, a mobile or any other call when dialled straight 

away, the call will be routed through the SIM.   
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Case study 2   

 

Installing AN1003 Gateway behind a PABX and to route Mobile calls 

via SIM card. 

 
In this example an Aristel DV22 system is considered as a model PBX system. 

 

10. Install a SIM card in the SIM chamber in the base of the AN1003 system. Insert  a 

Telstra, Next G, Optus, or  Vodafone 2/3G SIM card so that it goes into the 

SIM card holder. The SIM holder can be opened or closed  by sliding it up or 

down. 

11. Connect the antenna cable and the whip antenna. 

12. Connect the FXS port of the AN1003 Gateway to a spare Trunk port, say CO3, of 

the PBX system, using a two wire line cord.  

13. If necessary a PSTN line may be connected straight to AN1003 FXO port. 

14. Power on AN1003 and it is ready for use. 

15. When a  PBX extension  seizes the CO3 trunk dial tone will be heard. 

16. The extension user can make a Mobile call by dialling 0, * and then dialling a 

mobile number. 

17. The extension user can make a PSTN call by seizing the trunk CO3 and then 

dialling 0, *, #  followed by the phone number of the called party. 

18. Incoming calls however, can be routed to a desired station or a Group by 

programming ring destination for the PBX. 

 

 

 

Case study 2 may be automated in a PBX system by suitable LCR 

programming.  
 

The Least Cost Routing(LCR)  programming is a standard feature in most PBX systems. 

However,   there are several levels of LCR programming.  

 

In LCR program the PBX system essentially looks at the initial digits dialled out  and 

compare it with a look up table programmed by the technician. The system then  route the 

call accordingly. Routing a call is performed by selecting the appropriate trunk. Some 

times it is necessary to insert a prefix. 

 

In the case of AN1003 a prefix, ( as manually done in case study 1) containing 0, * and 

sometimes # need to be programmed. 

.  

It is essential to insert necessary pauses between selection digits 0,* etc for the AN1003 

Gateway  to respond. 
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A typical LCR programming for Aristel DV22 or DV38 system is shown  below. 

 

It is assumed that an ordinary PSTN  trunk line is connected to CO1 of the PBX and the 

FXS port of the AN1003 Gateway  is connected to CO3 of the PBX. 

 

Zone programming Description 

Z101=055 Set the DTMF duration to 55x2ms ie.110ms 

Z225 = 3 System Speed dial bin size is made  from 100 t0 499 

Z603  

Gp=01, item =01 

Delete all members and 

enter 01 only 

 

Make a trunk group 01 containing only relevant 

member(s), 01 in this case. 

Z253 =9 Enable digit insert LCR 

Z404 

SPD=150 

Item=01=04 

Save 

Z404 

SPD=150 

Item = 23 = 0p*p 

Save 

SPD programming 

SPD bin 150 

Look for digit string 04 

Insert a 0 , then a pause, then insert * and then a pause 

(Note: Entering pause (p) varies PBX to PBX and 

keyset to keyset. In case of Aristel KDP53 keyset press 

icm button for pause) 

 

 

Assign a direct trunk select  key for CO3 on all keysets so that an extension user can pick 

up that trunk and dial  mobile numbers via AN1003. Alternatively, further LCR 

programming may be carried out to select the trunk and insert the prefix.  

 

Aristel old version DV systems can be programmed either to select a trunk or to insert a 

prefix but not to do both. 

  

Please refer to steps 30 - 34 for a simple programming  solution. 
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Programming  AN1003 Gateway  by the LAN port  
NOTE:   Please ensure you save your changes on each page via the Ok, Submit or Save 

buttons under each section before proceeding to a new page. 

19. Set your PC to  DHCP client mode  as follows: 

20. Left click  ñStartò, ñControl Panelò, ñNetwork connectionsò and right click  

ñLocal Area Connectionò and select properties. 

21. Having selected properties, scroll through and highlight   Internet 

Protocol(TCP/IP) and select properties. 

22. Now set the properties as shown below: 

23. Tick Obtain IP address automatically and also tick Obtain DNS server address 

automatically. 

 
 

24. Say OK and Close all  screens. 

25. Now,  using a CAT5 patch cord connect the LAN port of your PC to the AN1003 

Gateway system and restart the AN1003 by interrupting the power. 

26. Open   Internet  web browser on your PC.  

Enter the address http://192.168.123.1:9999 and log in. (It is also possible log on 

through WAN port http://xxx.xxx.xxx.xxx:9999) 

27. The following screen will appear: 

28. Enter user name as root and password as test and login. 

http://192.168.123.1:9999/
http://xxx.xxx.xxx.xxx:9999/
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29. When the next screen appears select Phone Setting and Dial Plan settings. 

30. In Dial Plan Settings tick  FXO and enter 04 against  Routing rule. This will allow 

only Mobile calls to go through the SIM 

31. If you want to dial out all calls through the SIM, simply tick IP in the Dial Plan 

and leave Routing rule blank. The AN1003 is shipped with is program. 

32. Submit , Save Changes and Save. 
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33. When the system is re-started  Mobile calls from the FXS port will be routed 

automatically via SIM. All other calls may go through WAN as SIP calls with 

further programming. 

 

Note: The AN1003 Gateway is shipped with the program shown in step 

31  to  route all  calls via  SIM. 

 
 

 

 

34. With the above program, Aristel DV22 PBX system may be programmed as    

shown in the table below: 

 

 

Zone programming Description 

Z101=055 Set the DTMF duration to 55x2ms ie.110ms 

Z225 = 3 System Speed dial bin size is made 100 t0 499 

Z603  

Gp=03, item =01 

Delete all members and 

enter 03 only 

 

Make a trunk group 03 to contain only one member ï 

CO3, in this case 

Z253 =3 Enable trunk select LCR 

Z404 

SPD=150 

Item=01=04 

Important:  Using change 

key (door in DKP53) select 

trunk group 03 in the top 

line. 

  

SPD programming 

SPD bin 150 

Look for digit string 04 and select trunk 
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Case study 3.  

 

SIP trunk connectivity on  legacy PBX systems. 
 

The Session Initiation Protocol (SIP) is a signaling protocol, widely used for setting 

up and tearing down multimedia communication sessions such as voice. 

 

Therefore, SIP connections should be made through a reliable SIP service provider 

and necessary particulars should be obtained from the customer before hand. 

 

35. Log into the AN1003 Gateway as described in steps 19 ï 29. 

36. Select Networks, WAN setting and enter necessary particulars. 

 

 

In this example the AN1003 Gateway works behind a Router and it is set up to work 

on NAT mode. ( Network Address Translation Mode) 

 

 

 

 

 
 

 

 

 

http://en.wikipedia.org/wiki/Multimedia
http://en.wikipedia.org/wiki/Communication_session
http://en.wikipedia.org/wiki/Internet_telephony
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36. It is important G729 codec must be given priority as shown below.  

 

 

 
 

 

 

 

 

 

37. Select SIP settings and program Service Domain. A typical program is shown 

below: 

 

In this case Proxy Server and Outbound Proxy are entered via their DNS names however 

and an IP address may be provided instead. 
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Csae Study 4 

 

Call forwarding.  
 

Call forwarding incoming VoIP calls to a mobile number via SIM may be programmed as 

shown.  

 

It is not advisable to try All Call forward or Busy forward .  

 

However, No Answer forward   works well on SIP calls. The following screen shots show 

how it is programmed.  In this case No Answer time is set to 3 rings. 

 


