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1. Introduction


This document presents results on the operation of G.723.1 silence compression. The intent is to provide information which is relevant to the design of H.223 mobile multiplexing (Annex A).


When G.723.1 is operating in the speech mode the codec produces a fixed number of bits for each 30 ms time frame. This speech mode bit rate depends on whether the high rate or the low rate of G.723.1 is used, or on how much error protection is applied (G.723.1 Annex C). Assuming that the rate of the codec and the error protection strategy are not changed during the session the speech coding bit rate remains constant during speech sections. During silence sections no speech data is transmitted. This means that different multiplex strategies (multiplex codes) need to be used during speech and silence sections. Depending on the length of the MUX-PDU it is possible that the transient sections from speech to silence and vice versa will require their own multiplex codes. 


The silence sections are interrupted by so called Silence Indicator (SID) frames which, from the point of view of the multiplexer, are normal speech frames. The SID frames convey information on the parameters of background noise so that comfort noise generation can be performed in the decoder. In G.723.1 SID frames are transmitted at irregular intervals depending on the input data.


This document presents analysis results on the length of speech and silence bursts in typical conversations. SID frames are calculated as speech and single SID frames then translate into a speech burst of length 1. (Note that SID frames can also be part of normal speech sections or several SID frames can be grouped together to form a speech burst of length more than 1.)


The speech material used for the test was a subset of the material used in ETSI for DTX characterisation of the GSM speech codecs. This material consists of simulated two-way telephone conversations in English, German, and Italian languages. The test material has been provided by British Telecom, Deutsche Telekom AG, and CSELT. The conversations have been recorded using different background noise conditions. Half of the conversations were recorded using a hands-free device and the other half using a hand-held device. Each of the conversations was recorded in two separate channels: up-link (noisy) and down-link (noise-free). This is the same test material that was used in LBC-96-341. The entire test material comprises approximately two hours of speech.


The version number of the G.723.1 speech coder software (including silence suppression) used for these simulations was 5.00.


�
2. Test results


The average burst lengths (in frames of 30 ms) for speech and silence are given in the following table:


�
Average speech burst�
Average silence burst�
�
Down-link�
9.1�
5.5�
�
Up-link�
11.0�
6.3�
�
Total (up-link+down-link)�
10.0�
5.9�
�



The average speech burst lasts about 0.3 s whereas the average silence burst lasts only about 0.18 s. Note, however, that the variation in burst lengths is very large starting from 0.03 s and ranging even (in rare cases) up to 10 s. For speech bursts the median burst length is 1 where as for silence the median value is 3. The mode of the burst length distribution is 1 for both speech and silence. This shows that very short burst lengths dominate resulting in very frequent changes between silence and speech modes.


The following graph shows the histogram of the burst lengths for both up-link and down-link speech bursts up to the length 50. Note the logarithmic scale on the y-axis.
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Note that the high number of short speech bursts is the result of SID frames. The dip in the distribution of speech bursts is explained by the VAD hangover period.


3. Conclusions


The results presented in this document show that the variation between speech and silence modes in G.723.1 is very frequent with average burst lengths being less than 1 s. This indicates that the multiplex should be very well equipped to handle the changes between speech and silence modes.


It should be also noted that H.324 will carry other speech data than G.723.1 as well. Different speech codecs may have very different silence compression characteristics. Since H.324 is expected to be an architecture standard for improved future codecs it should be assumed that these future codecs might utilize multiple speech coding bit rates as part of their normal behavior which would result in even more frequent multiplex code changes.


This document has presented some of the variabilities present in the speech traffic. Considering the wide variety of data H.324 is expected to carry we feel that the normal mode of operation of H.324 should assume multiplex code changes for almost every MUX-PDU. This is a critical design parameter for any multiplex used to carry H.324 traffic.
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