Hello again… Here is a re-write of the QOS document, based around a few changes in the last year… That being the introduction of 8mbit plans, the new 5.52d and later firmware, offering the new menu choice “VOIP in use” and lastly, because I’ve moved my torrent client to a second, dedicated PC (for reasons outside the scope of this document.)
______________________________________________________
Starting point... 3 levels/categories....

VoIP - gets maximum preference - 

OTHER - (Uncategorised) traffic gets medium preference -

P2P - file sharing gets low preference - 



So, what this would mean (in my mind, at least) is that if the connected computers are idle, but file sharing via azureus etc, then that traffic would get all the available bandwidth UNTIL the other PC starts to be used (Internet browsing, email, online gaming etc... (All these items fall into the OTHER category)) Whereby these processes get preference over the P2P traffic, which would begin to slow...

Finally, if a VOIP call is made/received, then both the OTHER and P2P would back-off, giving maximum most of the bandwidth to VoIP , a small amount to the OTHER traffic, and P2P would be a trickle, if at all, until the VoIP traffic ends.
______________________________________________________

And here is what I have come up with, so far…

· Firstly… Set VoIP Priority to Premium.
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· Now for Prioritization of P2P and ANY other traffic…  I use a separate PC (on 192.168.1.222) for my P2P application now-a-days.
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You should note the LOW priority, and “Best Effort” DSCP Marking, chosen for the P2P application entries.
This should give P2P traffic a lower priority over any other traffic LEAVING the router for the internet (LAN to WAN)
· Finally Some IP Throttling, just so some ’guaranteed’ bandwidth is available to VoIP.. Firstly I need to explain that these rate limit values are based on a 8mbit plan.  

Now, one thing you probably should do, using your ISP’s FTP server… (Normally the ISP has at least one, the one you FTP your personal website to/from) is test what the maximum upload and download throughputs are for your connection. That is to say, how close to the theoretical 8mbit can you get? And can you SEND at 384kbps? Many factors including distance from the exchange, will factor into your real upload /download rate. 
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Outbound…. Straightforward now-a-days… I’m going to clamp throughput to 6x32kbps maximum (192kbps) while a VOIP call is in use. In other words, I’m reserving half of the theoretical thoughput for the Outbound channel, when VOIP call(s) are in use.
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Inbound…. Clamped to 5mbit while VOIP in use. (This number is OVERKILL, but seeing as i was coming from a 1.5mbit plan, 5mbit while a call is in use, is no real inconvenience.)

· CODEC Preference

For the record, i've now gone back to using G.711 A-Law, given we now have a much better control over what is happening application throughput-wise with the new “VOIP in use” rules. (it just sounds better, and doesn’t misbehave when given enough throughput.) If I was still on a 256/1500 plan I probably would have left this as G.729
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