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Preparation: The whole exercise should be performed on a virtual machine running Windows XP. The clones of the virtual machines should be copied from the V: drive to the D: drive, and should be started from there.
Exercise 1: Getting familiar with the tools
Aim of the exercise: to get familiar with the Voice over IP phone
1.1
What is the IP address of the VoIP phone?
1.2
Investigate the WEB based configuration of the VoIP phone! What is the phone’s SIP identifier?
1.3
Establish a connection between a VoIP phone and a PC (launch the SJPhone application and call the VoIP phone)! 
Exercise 2: Experiencing with sound coding
Aim of the exercise: the subjective comparison of various sound coding techniques
2.1
Comparison of codecs (which one is the best and which one is the worst?)

Tip: after launching the IPTel set both the sending and receiving mode (the IP address and port of the sender and receiver should be the same).
2.2
Influence of VAD option to the quality of sound
Exercise 3: Investigating packaging techniques
Aim of the exercise: to understand how the various packaging techniques influence the quality of sound.
3.1
Influence of packaging techniques to the quality of sound

Tip: after launching the IPTel set both the sending and receiving mode (the IP address and port of the sender and receiver should be the same). Set a codec and test the sound quality with various time length packagings!

3.2
Calculating bandwidth requirements

Calculate the required bandwidth at IP level of a chosen codec with two chosen time length packgaging! Check the result by the VoIP Bandwidth Calculator! What causes the difference in the required bandwidth in the two cases?

3.2
Influence of VAD option to the bandwidth. Make a guess to the required bandwidth if the VAD is set!
Exercise 4: the SIP signaling protocol

Aim of the exercise: understanding the basics of the SIP signaling protocol
4.1
Writing SIP messages to establish a connection

Launch IPTel. Write an INVITE and an ACK message. The connection is established if the phone prints the „connected” message.


Tip: do not use the GSM and AMR codecs because the Linksys phone does not recognizes them.

Tip:You can find the example of the INVITE and ACK message in the Voip Measurement-Guide PDF 
4.2
Observing the VoIP data flow by the help of a network protocol analyzer

Launch Wireshark and start capturing packets. While capturing is in progress, repeat the connection establishment. Then stop capturing.  What are the messages needed for establishing the connection? Find the first and last sound data packet!


Tip: right click at the data packets and choose „decode as” then type RTP!

Exercise 5: Investigating signaling communication between VoIP phones
Aim of the exercise: get familiar with the signaling communication of VoIP
5.1
Investigating the VoIP signaling communication

Launch SJPhone and call the Linksys phone! Investigate the signaling communication by the help of Wireshark! What additional SIP parameters are used? In what codec have the phones agreed?
5.2
Measure the speed of the VoIP data communication

Use the Wireshark to measure the data rate at IP level!


Tip: after choosing a packet to decode as RTP use the Telephony/RTP/Stream analysis menu item!
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