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• •issues to be addressed are:

issues to be addressed are:
ÿ ÿ

codec
codec form

at
 form

at
ÿ ÿ

the transport protocol
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• •Clipping effects
Clipping effects
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ance is m
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, the data is passed
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and m
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Know
 the sources of latency in your system
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Know

 the sources of latency in your system
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• •
Use routing equipm

ent that supports prioritisation of selected ports or
Use routing equipm

ent that supports prioritisation of selected ports or
provides RSVP to guarantee a certain level of packet throughput.
provides RSVP to guarantee a certain level of packet throughput.

• •
Ensure that your netw

ork has sufficient bandw
idth to avoid congestion.

Ensure that your netw
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If you use a netw

ork carrier, ask for a guaranteed route.
If you use a netw

ork carrier, ask for a guaranteed route.
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Reduce packet overhead. If feasible, use piggybacking in your design to
Reduce packet overhead. If feasible, use piggybacking in your design to
send m

ultiple channels of voice data to the sam
e destination. Efficient

send m
ultiple channels of voice data to the sam
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use of piggybacking can reduce total netw
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use of piggybacking can reduce total netw
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leaving m
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panies. Although a lot of difficulties exist, from
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