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MULTIMEDIA NETWORKING ~ MIDTERM 1/50

PART1I

1. Explain the following technical terms clearly, more marks will be given if you
demonstrate some examples:

1.1 What is the voice packetisation? How does it work? Why do we need it? ( 5 marks)

1.2 From the figure below, please explain process number 1 to 5 (e.g. how it works,
what it affects in terms of performance, and quality) (10 marks).
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Figure 1 for question 1.2

1.3 The following sub-questions are about jitter (5 marks)
1.3.1 What is jitter?

1.3.2 How does it happen?
1.3.3 What are its effects in terms of QoS?
1.3.4 How can we remove the jitter?
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Figure 2 for question 1.3

1.4 Please explain the figure below (5 marks)
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Figure 3 for question 1.4

1.5 Below are clarity factors in PSTN: (5 marks)
- Intelligibility (capability of being understood
- Noise
- Fading (to lose strength)
- Crosstalk
The above factors appear in PSTN, however, there are other factors that only

appear in VolP (don’t appear in PSTN). Please give such factors and their details,
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2. Voice performance
2.1 E-Model is described in ITU G.107 as follows:

R=Ro-Is-Id-le+ A
* R Transmission rating factor
Ro Basic signal-to-noise ratio (SNR)
Is All simultaneous impairments to voice signal, e.g. loudness, PCM quantization
distortion
o Id All delays (impairments after voice signal caused by delays), e.g. echo, delay
e [e Distortion impairment caused by Equipment Impairment factor, low bit rate
codec, packet loss
s A Expectation factor

If Codec G.729A (+VAD) is used, The packet loss is 1%. End-to-end delay is 200 msec.
Please find R value.
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Table 1 Distortion impairment e for standardised low bit rate codecs in E-Model
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" codec bit intrinsic
origin| - standard P | rate (kb/s) L quality R
G711 PCM 64 0
G126,G.121] ADPCM | 16 |50

24 25
- R |7
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M=% [ Tocer | 128 B EZE
16 7

G.729(A) |CS-ACELP| 8
G723.1 | ACELP 53
MP-MLQ | 63
GSM-FR | RPE-LTP | 13
ETSI| GSM-HR | VSELP 5.6
GSM-EFR | ACELP [ 122
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2.2 Figure 4 shows distortion impairment le as a function of the packet loss. Figure §
shows the influence of packet loss on distortion to R-factore.
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Table 2 shows distortion impairment Ie for standardised low bit rate codes in E-

Model. Please answer the below question based on information in Figure 4, Figure

5

2.2.1 What does codec give the best performance in terms of R rating when % of

packet loss is high (5 marks).

2.2.2 What is codec giving good performance but when facing packet loss its
performance drops significantly (getting worst) SS marks).

2.2.3 At 2 percent of packet lose, what codec gives 2™ better choice (5 marks).
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Figure 4 Distortion impairment fe as a function of the packet loss

2.2.4 From Figure 5, please indicate the maximum of packet loss of each codec
(e.g. G.711, G.723, G.729) if the acceptable R-factor is 70 (5 marks).
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Figure 5 Influence of packet loss on distortion
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Table 2 Distortion impairment fe for standardised low bit rate codecs in E-Model

.. codec bit intrinsic
origin | - standard ype rate (kb/s) quality R
G.711 PCM 64
G.726,G.727} ADPCM 16
u_|
- 1 32
ITU-T wl
G728 LD-CELP 12.8
16
G.729(A) | CS-ACELP 8
G.7231 ] ACELP 53
MP-MLQ) 6.3 I5E 793
GSM-FR | RPE-LTP 13 200 743
ETSI| GSM-HR VSELP 5.6 231 713
GSM-EFR ACELP 12.2
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PARTIT
#ail 1 SIP FUNDAMENTAL (30 Py 30 1)
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Via: SIP/2.0/UDP proxy.munich.de:5060;branch=z%hG4bK8542.1
Via: SIP/2.0/UDP 100.101.102.103:5060;branch=z%hG4bK45a35h76
To: Heisenberg <sip:w.heisenberg@munich.de>;tag=24019385
From: E. Schroedinger <sip:schroed5244Qacl.com>;tag=312345
Call-ID: 105637921@100.101.102.103

CSeqg: 1 INVITE

Contact: sip:wh@200.201.202.203

Content-Type: applicatien/sdp

Content-Length: 173
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