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Due to the rapid development of Layer 3
switching and the requirements of Quality of
Service, providing Quality of Service guarantee
over high speed and/or switched LAN is a
promising new area. This project aims to
develop a novel scheduling algorithm under
loose bandwidth guarantee granularity. This
scheduling algorithm has to support large
number of connections, which is very important
for the backbone switches or routers. Hardware
implementation of this scheduling algorithm is
also evaluated. Feasibility of including Layer 4
controlling mechanisms is studied. Last of all,
the mapping between backbone ATM Service
parameters and high layer QoS requirements is
also studied.
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It is well known that providing real-time and
multimedia communications over the Internet
and high speed LAN is already a widely
accepted technology trend. Many future
applications of computer networks will rely on
the ability of the network to provide

Quality-of-Service (QoS) guarantees. These
guarantees are usually in the form of bounds on
end-to-end delay, bandwidth, delay jitter,
packet loss rate, or a combination of these
parameters. However, the unpredictable
congestion level over Internet and LAN, which
often involves packet losses as well as queueing
delay, has made the quality of real-time
multimedia communications  unacceptable.
Therefore, traffic scheduling algorithms are a
necessary part of future integrated-services
networks that will provide a broad range of
QoS guarantees.

The most important academic which
started the introduction of a whole new set of
new scheduling algorithms for high speed
network working should be the General
Processor Sharing (GPS)[3]{4] and Weighted
Fair Queueing (WFQ)[5]. These papers, which
are based on the same kind of philosophy and
have been widely referenced, introduce new
approaches to more fairly and proportionally
allocate bandwidth among sessions with
different  bandwidth  requirements.  The
scheduling algorithms of packet transmission,
based either on GPS or WFQ, can be
implemented over a network node. For example,
Cisco System has successfully implemented the
WFQ discipline in their router, for providing
bandwidth control.

Originally, the VirtualClock scheduling
algorithm aims to emulate a kind of time
division multiplexing (TDM) server. Packet
scheduling based on VirtualClock assigns a tag
for each arriving packet, and packets are
serviced in a non-decreasing order of tags. The
operations of VirtualClock algorithm are
detailed in [11] and [12]. Because the virtual
finishing time of each packet is assigned based
on the arriving pattern and the reservation of



the flow to which the packet belongs, the
VirtualClock algorithm  ensures  each
well-behaving  flow good  performance.
However, the calculation of the virtual finishing
time is independent of the behaviors of other
flows. As a result, even if a flow sends packets
at a rate slightly higher than specified, it still get
punished by the VirtualClock server, regardless
of fact that this behavior does not affect the
performance of other flows and could
effectively reduce its own backlog, as pointed
out in [13]. By modifying the calculation of the
virtual finishing time of a packet to be
correlated with the active flows, we believe the
punishment phenomenon of VirualClock would
be relieved.

In the current Internet environment, when
demands exceed the network capacity, instantly
congestion occurs such that the ratio of packet
loss may increase rapidly. The traditional TCP
congestion control is implemented via a reactive,
closed-loop, dynamic window control scheme:
acknowledgments received by the sender are
used to trigger the transmission of new
segments. The TCP congestion control
algorithm also tries to obtain as much
bandwidth as possible from the network by
continually increasing the send rate until packet
losses occur. However the TCP transport
protocol detects congestion only after a packet
has been dropped or TCP timeout. It is possible
that a congestion event has been happening, but
the TCP will still increase congestion window
before it detects packet losses. Unless the
window sizes are optimally configures (i.e., the
maximum congestion window is less than the
queueing capacity of the network), usually the
large number of TCP connections will
eventually cause network congestion.

We also designed a new gateway
congestion avoidance scheme that is referred as
Pseudo Advertising Window (PAW) to achieve
smaller buffer requirement, low queueing delay,
no unnecessary packet loss and high bandwidth
utilization.
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I.  VirtualClock Plus Algorithm

VirtualClock Plus scheduling algorithm is
described as follows. First, all flows reserve
their guaranteed bandwidth at connection
establishment time. Secondly, the virtual
finishing time of each arriving packet is
calculated based on the system virtual time.
Finally, the server is work-conserving, and
transmits packets from all sessions in the
increasing order of virtual finishing times. The
queueing model of VirtualClock Plus algorithm
is shown in Fig. 1. Suppose flow i becomes

active after a*, which is the arrival time of

i

packet P*, the k-th packet of flow 7. Then

1

the virtual finishing time of packet P*, denoted
as F’ is defined by

F'=S8T e L
i = VCP(ai)+T’

1
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Here, the system virtual time, ST, (¢),

only needs to be calculated once a flow changes
its backlogged state. Hence, the computation
complexity of the system virtual time is O(l),

which is much less then WFQ[S5].

II. Pseudo Advertising Window

In TCP original design, the receiver
indicates the maximum total segment size it is
willing to accept by specifying the
ADVERTISING WINDOW field of the
TCP-Header. The field contains a 16-bit
unsigned integer in network-standard byte order.
We treat the window advertisement as a
specification of the receiver's current buffer size.
In response to an increased window
advertisement, the sender increases the size of
its congesting window and sends more data. On
the other hand, when the advertising window
decreases, the sender decreases the congesting
window. Hence the primary purpose of the
ADVERTISING WINDOW field design was to
avoid buffer overflow in end systems. However



in the current network, buffer overflow often
happen more frequently rather in the gateway
than in the end node.

The Pseudo Advertising Window (PAW)
mechanism requires the router or the IP switch
to compute the optimal congestion window size
of some TCP sessions. The PAW mechanism
then replaces the original cwnd value of the ack
IP packet with the optimal cwnd size if
necessary. That is, if the original value of
Advertising Window filed was smaller than the
optimal cwnd size the gateway computed, it
would not do any change. In turn, by allowing
the gateway to allocate all TCP session with the
most appropriate cwnd, the buffer requirement
would be reduced and ideally the congestion
should be eliminated.

It will be easier to find the location of
Advertising Window field in IPv4 because of
the fixed IP header format. The HLEN of IP
packet header is shown in Fig.2. Our simulation
results also show that smaller queue length and
better fairness can be achieved if PAW is used.
II. Computation of Optimal Congestion
Window A

Recently routers or IP switches show that
there are still some restrictions in their
hardware design regarding the support of IP
Quality of Services, especially when large
number of IP flows are to be with differential
services. As a result, we discuss the
computation of the optimal cwnd in two cases:
Per-Flow Queueing case and Non-Per-Flow
Queueing case. Here we assume TCP
connections and UDP sessions are buffered in
the different queues of the routers or IP
switches, and the allocated bandwidth for T CP
is acquired.

1. Per-Flow Queueing

The total operation of optimal congestion
window size computing is presented in the
Fig.3. When a new TCP session set up, the
gateway records the interval between the
arrival time of the first two packets as the
base rtt to compute the optimal congestion
window size and enable PAWS. After the

initial waiting, the session go into the OK
State. The gateway might update cwnd, only
when the queue is empty or bigger than the
tolerant length.
ii. Non-Per-Flow Queueing

As we described before, restrictions exist in
most routers if the large number of flows is
to be supported with different classes of
services via scheduler algorithm, like WFQ.
As a result, one must take into account of the
case that multiple flows with one single
queue but yet require optimal congestion
window control. The computation operation
is shown in Fig.4.

g~ it

The key contribution of the VirtualClock Plus
algorithm is the elimination of “punishment”
phenomenon of VirtualClock algorithm and the
preservation of advantages in low complexity
and low delay bound. The complexity of
VirtualClock Plus is O(log N) but delay
performance is similar to WFQ.

To support different QoS services, the
next generation routers and switches will all
implement some kind of scheduler algorithm.
The complexity of an algorithm can become the
key factor that determines whether an algorithm
could be successfully deployed on current
Internet. The PAW mechanism should be easy
to implement in the current routers and IP
switches based on the following feasibility study.
We consider PAW might be realized to achieve
better TCP congestion control in Internet.
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