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Introduction

The experimentation investigates the delay experienced by the application streaming audio over TCP/IP when an uninformed

LAN to WLAN vertical handover occurs.

Measurements in the experimentation focus on recording the distinct cache sizes in the application receiving the media stream,
and their behavior in the event of the handover. Additionally, the mobility management events and the network traffic during

the handover are recorded.

The experimentation platform consists of Ericsson’s hip4bsd for FreeBSD 6.1 and the PM&RG Amppéri mobile music player,

both versions developed in the MERCoNe project.

Hypothesis

The hypothesis is, that it is possible to determine the required
cache size for the playing application from the cache size
recordings done during the vertical handover.

Experimentation setting

The required cache size is specified as the minimum amount
of cache as seconds of uncompressed audio that will not cause
a depletion in the hardware or operating system audio buffer.
The cache size is considered insufficent if the handover causes
depletion in the OSS/hardware buffer, the size of which the
software does not explicitly state.

Recording file details

The audio processing path follows the conventions of typical
audio players, there are three distinct audio buffers, the
compressed audio packet cache, uncompressed ring buffer to
which the audio packets are uncompressed and the OSS/
hardware audio buffer to which the uncompressed audio data
is fed.

All data, incording the ESP packet indexes and the mobility
management events are transformed into value-timestamp
pairs, that are analyzed in MATLAB.
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