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Unified Communications – VoIP Assessment Part 2 

About this assessment: 

These assessment tasks provide an opportunity to demonstrate the competencies covered in the 

VoIP - Unified Communications subject. 

• You are allowed to refer to your text books, notes and the Internet during the Assessment. 

• The documentation and research work must be entirely your own. 

• By commencing this assessment, you confirm that you have read and agree to abide by the 

ACIT Academic Honesty Policy 

Successful completion of this assessment contributes towards attaining competency in the following: 

ICTTEN512 Design and implement an enterprise voice over internet protocol and a unified 

communications network 

ICTNWK610 Design and build integrated VoIP networks 

ICTPMG611 Prepare a detailed design brief 

ICTTEN611 Produce an ICT network architecture design 

 

ICTNWK529 Install and manage complex ICT networks 

 

There are 3 parts to this assessment 

1. Design and planning 

2. Deployment 

3. Question and answer 

These assessment tasks provide an opportunity for you to demonstrate the competencies required to 

design, plan and deploy unified communications solutions. 

 

Part 2 - Deployment 

This part requires you to deploy an IP-private branch exchange (PBX) solution.  You shall work in 

pairs for purpose of testing your solution. 

You are provided with: 

1. An Asterisk/FreePBX distro ISO file 

2. A PC with Internet access 

3. Access to a VMWare VSphere infrastructure host in which you can create new VM's. 



 

 

4. Asterisk and FreePBX installation and configuration documentation 

5. IP addressing scheme, extension numbering scheme, and DID 

6. Head office trunk name and password 

Note: you are required to take screen shots of each stage of your implementation. These will 

form part of your submission. 

 

Scenario 
OTS has implemented an Asterisk PBX at their head office.  A SIP trunk has been provisioned to this 

site and is now fully operational.   OTS now wishes to deploy IP telephony to their regional offices.  It 

is much more economical to have one large SIP trunk than many small SIP trunks and therefore the 

entire organization will use the SIP trunk provisioned to the head office.  The regional offices are 

connected to the head office via site to site VPN's. Some regional offices are connected to each other 

via site to site VPN's. OTS has decided that each regional office will have its own PBX. Calls to 

external numbers and other OTS offices that are not directly connected will be trunked via the head 

office. 

You have been given the task of designing and deploying the solution for a regional office. Your 

design and implementation plan must provide for the following: 

A IP-private branch exchange (PBX) solution that will: 

1. Provide extensions for the local office that can call each other 

2. Provide an efficient low bandwidth trunk to the head office and one other office 

3. Receive incoming calls from extensions in other offices 

4. Receive incoming calls on the assigned DID 

5. Make outgoing calls to other office extensions and external PSTN numbers 

6. Provide call parking, IVR, call queuing, voice mail and a ring group 

 

 

 

 

 

 



 

 

Task 1 

Install Asterisk/FreePBX IP-private branch exchange (PBX) server and perform initial configuration. 

Use the IP addressing scheme provided.  Record the IP address, username, and password of the 

server. 
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Task 2 

Create 2 extensions in accordance with your extension numbering scheme and configure softphones 

or handsets for each of them. You may install and configure one softphone on the PC you are using 

and another on a mobile device that is connected to the campus network.  If you are doing this 

assessment remotely you will need to create 2 client VM's and configure a softphone on each of 

them. Test the extensions to make sure they are working. Record the extension numbers. 

 

 



 

 

 

 

 



 

 

 

 

 



 

 

 

Task 3 

Create VoIP trunks to the head office PBX and one other PBX (this is your other team member's 

PBX).  The trunks must consume as little bandwidth as possible. The head office PBX IP address is 

10.10.41.2.  The trunk credentials are: 

Between your FreePBX and your team member's PBX: 

• Username: [yourname.surname@PBX]  

• Password: P@ssw0rd 

Between your FreePBX and head office PBX: 

 

• Username: [your FreePBX IP address]  

• Password: P@ssw0rd 

Provide answers to the following: 

What type of trunk did you create and why did you choose that type? 

Between my FreePBX and my team member´s PBX I created a IAX2 TRUNK, 2 which allows to create trunks between 

Asterisk PBX’s. The advantage of using IAX2 is that it combines signaling media in the same protocol and 

compresses multiple calls to save bandwidth. 

List the settings you configured under 'Peer Details' and describe what each of those settings does. 



 

 

 

 

 



 

 

Peers Details: This is where the tunnel between both Pbx is created. 

Outgoing:  

host:  Is the IP address of the remote system that you are going to connect to.  You can also put the domain name. 

If the other system will register to your system (using the Registration String field on the remote system), you should 

put the word "dynamic" here. 

Username: Is the username that will be sent to the remote system when you attempt to place a call to 

authenticate the call.  If the remote system requires authentication on incoming calls, the username= on the local 

system must match the name put in the "Trunk Name" in the PEER details on the remote system.  

secret:  Is the password that will be sent to the remote system when you attempt to place a call to authenticate the 

call.  It is also the password that you will expect to receive when you receive a call, unless insecure=invite is used int 

the PEER details 

type: "friend" means that you will both send calls to and receive calls from this server and that the PEER details will 

be used both for incoming and outgoing calls on this trunk. 

qualify: "yes" means that your system will periodically send a request that the other system identify itself.  If there is 

no answer within 2 seconds, your system will assume that the other system is down and stop sending calls to the 

system until the system responds.  Instead of "yes," you can also put a number, in milliseconds.  For example, 

qualify=3000 means that your system will wait 3 seconds for a response, instead of 2 seconds. 

quilifyfreqok: The qualifyfreqok setting determines how often to ping the peer when it’s in an OK state. 

transfer: You can set transfer to yes, no, or mediaonly. If set to yes, Asterisk will transfer the call away from itself if it 

can, in order to make the packet path shorter between the two endpoints. (This obviously won’t work if Asterisk 

needs to transcode or translate between protocols, or if network conditions don’t allow the two endpoints to talk 

directly to each other.) If it is set to no, Asterisk will not try to transfer the call away from itself. 

trunk (channel): IAX2 trunking enables Asterisk to send media (as mini-frames) from multiple channels using a 

single header. The reduction in overhead makes the IAX2 protocol more efficient when sending multiple streams to 

the same endpoint. 

 

 



 

 

 

 

 

 

 



 

 

 

 

Task 4 

Configure outbound call routing so that calls can be made to extensions in another PBX. (This is the 

PBX of the other student you are working with). Verify that you can make and receive calls to and 

from the extensions in the other PBX. 

Record the dial pattern that you are matching for this route and the name of the trunk through 

which calls will be forwarded. 



 

 

 

 

 



 

 

 

 



 

 

                               

 

                                                



 

 

Task 5 

Configure an inbound route so that calls can be received on your DID. Verify that you can receive 

calls with 2-way audio made from the PSTN.  (you can do this by calling your DID from your mobile 

or any other phone on the P STN). Record the test procedure and results.  

 

 

 



 

 

                                                 

 

                                                    

 

 



 

 

 

 

 

 

 

 

 

 

 

 

 

 



 

 

Task 6 

Configure an outbound route so that you can make calls to any external number.  Record the dial 

pattern that you are matching and the name of the trunk through which calls will be forwarded. How 

did you test that you could make calls to the PSTN? 

 

 



 

 

 

 

 

 

 



 

 

 

 

 

 

Task 7 

Configure call parking, IVR, call queuing, voice mail, and a ring group. 

How did you test that these functions are working? 

 

IVR 



 

 

 

 

 

 

 

voicemail:  



 

 

 

 

 

 



 

 

 



 

 

 

 

For announcements 
 

(After Hours Message) – (ANN Script after hours) : “Thank you for calling the beats rap company, your call is 
important to us, we regret to inform you that our office is currently closed. Our business hours are from 9AM to 
5PM, from Monday to Friday Australian Time” [GO TO IVR] 
 
 Pressed [2] - (ANN_BUSSINES_INFORMATION) –If you would like to know more about our company, you can visit 
us at beatsrap.com on your favorite browser, you can find related information about our prices and other 
products. Otherwise, you can leave as an email through beatsrap@gmail.com, and one of our representatives will 
get in touch with you within business hours. Thank you!” [HANG UP]  
 
(ANN HOLIDAYS) “Thank you for calling the beatsrap, the best website to get your beat to make your amazing rap 
song, we are currently closed due to Holidays. We will return on the [10 JANUARY] at 9AM GOLD COAST TIME ” 
[GO TO IVR] 
 
(In Queue Message) “Your call is important to us. All our representatives are still busy assisting other callers, we 
appreciate your patience. One of our agents will be with you shorty” [REPEAT EVERY 1 MINUTE(S)] 
 
 (ANN_goodbye ) “Thank you for calling beatsrap, Goodbye”  
 
(ANN_Invalid Key) “You pressed an Invalid key, here are the options again”  



 

 

 
(IVR Timeout – Message) “Please stay on the line, one of our representatives will be with your shortly”  
 

IVR For AFTER HOURS 
 

 [IVR CLOSED] “To leave a message in our voicemail, press 1: And A representative will contact you within a 
business day.” “Otherwise, Press 2 for more information about our business contacting methods” 
 [REPEAT 2 TIMES]  
 
[IF NOT THEN GO TO NOT ANSWERED ANNOUNCEMENT] 
 

IVR For Menu Options 
 

 (IVR_WELCOME_MENU_OK)“Thank you for calling Beatsrap. If you know your party’s extension you can dial it at 
any time, otherwise please listen carefully as our menu option has changed: 
 
Press 1, If you want to contact the production department. [GO TO QUEUES] 
 
 Press 2 for department of finances [GO TO QUEUES] 
 
 To speak to one of our representatives of Marketing Department, press 3, 
to speak to one of our representatives please stay on the line or press 0 to be redirected immediately. [GO TO 
RING GROUP] 
 
If you would like to hear these options again press the Pound key #. [REPEAT IVR] [TIMEOUT/9/INVALID = RING 
GROUP]” 
 
MUSIC ON HOLD 
 
 
 
 
 
 
 
 
 
 
 
 
 



 

 

 

 
 
 
 
 

Extensions according to the company and ivr design 
 

 
 
 



 

 

QUEUES 
 

 

 

 
 



 

 

 
 

 

 

 
 



 

 

 

 

 



 

 

 

 
 

 



 

 

 
 

 

 



 

 

 
 
IVR 

 

 

 



 

 

 

 



 

 

 

 

 

 



 

 

Time Condition 

 

 

 



 

 

 

 

 



 

 

 

 

 

 

Task 8 

Complete the post-installation checklist in appendix 'A'.  Use today's date for acceptance and cutover 

dates. 

 

Submission requirements 

You are required to submit the following as evidence for this assessment: 

1. Written tasks should be completed on a word processor 

2. Screen shots for each component of your system build. 

3. Screen shots for each functionality test 

4. Voice recordings you made for your IVR as .wav files 

5. Completed appendix A 

6. You must click the submit button 


