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Abstract 

This paper presents a methodology for the systematic design of order-preserving multi-input multi-
output (MIMO) buffers for large scale or ultra-fast packet switches. It focuses on buffer design for fixed- 
size packets, such as ATM cells, but the design strategy can be extended to variable-length packets. 
These buffers are capable of inputting and/or outputting multiple packets while maintaining their FIFO 
(first-in first-out) order, and can be used in ultra-high-speed network interfaces and similar applications. 
Our approach employs a systolic routing network and bank of parallel FIFO buffers to yield a load-
balanced MIMO FIFO realization with increased bandwidth [8]. 
 
We describe a method for monitoring Voice over IP (VoIP) applications based upon a reduction of the 
ITU-T's E-Model to transport level, measurable quantities. In the process, 1) we identify the relevant 
transport level quantities, 2) we discuss the tradeoffs between placing the monitors within the VoIP 
gateways versus - path monitor requires the definition of a reference de- jitter buffer implementation to 
estimate voice quality based upon observed transport measurements. Finally, we suggest that more studies 
are required, which evaluate the placement of the monitors within the transport path, and 3) we identify 
several areas where further work and consensus within the industry are required. We discover that the 
relevant transport level quantities are the delay, network packet loss and the decoder's de-jitter buffer 
packet loss. We find that an inequality of various VoIP codec’s in the presence of representative packet 
loss patterns 
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