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SECTION B

QUESTION 4

a) Explain with the aid of diagrams, how is RTP used to provide inter and intra stream

synchronisation? [15 marks]

b) Why do you need synchronised clocks to provide absolute fidelity for playback?

[5 marks]

c) What special synchronisation might be needed for a multi-sender application such as a

networked game? [5 marks]

[total 25 marks]
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QUESTION 5

You work for a company that wishes to become a Voice over IP provider. You have been

asked to write a technical report that includes the following:-

a) Background material on LPC and analysis-by-synthesis codecs. Include in your answer a

diagram for each codec, and an explanation of the deficiencies of LPC and how these are

improved upon by analysis-by-synthesis codecs. [9 marks]

b) Calculation of the bit-rates for the following codecs given: -

ADPCM G.721, sampling rate = 8000 samples per second, bits per codeword = 4.

CS-ACELP G.729 frame size = 10ms, LP coefficients = 18 bits, excitation information =

62 bits.

[6 marks]

c) Write some technical input for a business case for two possible VOIP solutions, a PC-

based solution, and a phone-based solution. Your input should focus on delay and loss

issues. Assume that the PC-based solution consists of software running on a user’s

general purpose PC that would use a range of existing audio cards. Assume that the

phone-based solution consists of a proprietary server that connects to multiple normal

phone lines. Include in your answer a discussion of which of the ADPCM or G.729

codecs you would recommend for each scenario. [10 marks]
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Question 6

You work for a company called ‘Piratester’, and are considering launching some software

that will allow users to share music tracks with each other from their hard disks across the

Internet. To evaluate the likely success of your software write a technical report that

describes: -

a) Background information on the ADPCM and the MPEG1 Layer 3 music compression

algorithms [9 marks]

b) Calculate the bandwidth required by a real-time transmission of ‘Imagine’ for each

type of codec if: -

ADPCM for music has a sampling frequency of 16,000Hz, and 4 bits per code word,

and packet sizes of 160ms worth of music. RTP headers are 40 bytes long.

MPEG1 L3 has a sampling rate of 48,000 bits per second, number of bits per sample

= 16. Assume that MPEG1 L3 and IP / RTP headers contribute an increase in the

bandwidth of 10%. [6 marks]

c) Contrast the expected quality of the two transmissions over the Internet – one coded

using ADPCM and one coded using MPEG1 Layer 3 compression. Assume that the

ADPCM coded speech is streamed, whilst the MPEG1 layer 3 music is sent as files.

Consider first that there is no loss, and secondly that there is a low rate of IP packet

loss experienced over the network. [10 marks]


