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TSG SA4 thanks SA2 for the LS on RAB Assignment and QoS Negotiation (S2-002108).  SA4 has not made a detailed assessment of the preferred principles for QoS attributes for PS conversational media types. However, as a starting point, SA4 would like to offer the following information on bit-rates of some media types currently under consideration for PS conversational multimedia. The media types are specified in TS 26.235.

1. Speech

Bit-rates of speech coders currently used in mobile conversational services range from around 4 kbit/s to 16 kbit/s. In order to reduce delay in a PS conversational service, speech data corresponding to 20 ms of speech will typically be packetized into each RTP/UDP/IP packet. Packetization of more than one speech frame into each RTP packet may however be used. 

For AMR encoded speech, specified in TS 26.235, multiple RTP packetization options exist. The following table provides an example of RTP payload sizes for the situation were none of the optional features of the RTP payload format are used. The given values are the minimum values which can be achieved. 

Index
Mode
Total number of speech bits
Number of class A bits (most sensitive)
Number of RTP payload octets

0
4.75
95
42
14

1
5.15
103
49
15

2
5.9
118
55
17

3
6.7
134
58
19

4
7.4
148
61
20

5
7.95
159
75
22

6
10.2
204
65
27

7
12.2
244
81
32

8
CNG
39
39
7

Table 1
Example of AMR RTP payload sizes for 1 speech frame per RTP packet

The bit-rate, and hence the packet sizes, may change on a 20 ms speech frame basis. In the general case, there is no limitation to the switching of modes by the encoder, and the size of each packet is not dependent on previous sizes. The speech bits within a RTP packet are sorted according to their sensitivity to bit-errors. An example sequence of RTP payload sizes is given below.

RTP payload size (octets):
32, 32, 32, 32, 7, -, -, 7, -, -, -, -, 22, 22, 22, 14, 14, … 

2. Wideband speech

For AMR wideband encoded speech, specified in TS 26.235, multiple RTP packetization options exist. The following table provides an example of RTP payload sizes for a situation were none of the optional features of the RTP payload format are used. The given values are the minimum values which can be achieved. 

Index
Mode
Total number of speech bits
Number of class A bits (most sensitive)
Number of RTP payload octets

0
6.6
132
54
19

1
8.85
177
64
24

2
12.65
253
72
34

3
14.25
285
72
38

4
15.85
317
72
42

5
18.25
365
72
48

6
19.85
397
72
52

7
23.05
461
72
60

8
23.85
477
72
62

9
CNG
40
40
7

Table 1
Example of AMR wideband RTP payload sizes for 1 speech frame per RTP packet

In the same manner as for AMR, the bit-rate, and hence the packet sizes, may change on a 20 ms speech frame basis. An example sequence of RTP payload sizes is given below.

RTP payload size (octets):
42, 42, 62, 62, 7, -, -, 7, -, -, -, -, 24, 24, 24, 19, 19, … 

3. Video

The range of bit-rates, and the flexibility in terms of octets per RTP packet, is in general higher for video than for speech. Average bit-rates of 40 kbit/s and higher can be expected. Frame rates of 5 Hz to 30 Hz may be used. Depending on delay constraints, and segmentation strategy, sizes of RTP packets may vary within wide ranges. One possible segmentation strategy would lead to RTP packets of approximately the same size for most packets. The size is however implementation dependent.

An example sequence of RTP payload sizes is given below.

RTP payload size (octets):
…, 310, 212, 220, 240, 60, 210,  … 

4. Quality assessment

The quality of speech under realistic radio channel conditions has been characterized in subjective tests. The results with their corresponding BER and FER values are reported in TS 26.975. For video, corresponding information is reported in TS 26.912.
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