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In this paper, a new congestion control mechanism, continuoits
framing, for broadband networks is proposed. This
mechanism provides bounded end-to-end delay to all delay
sensitive traffic, and guarantees loss-free transmission, if
necessary. Compared with the stop-and-go discipline, it
removes the extra waiting time introduced by node synchroni-
zation and supports time frames of any length. Based on this
control mechanism, two enhanced mechanisms, delay sending
and virrual tag, are presented to achieve intra- and inter-
connection multiplexing gains such that the bandwidth reser-
vation required for each connection can be reduced signifi-
cantly. Implementation issues are also discussed in the paper.
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For computer networks, the problem of congestion
control has recently been the subject of extensive
research'™®.  Traditionally, acknowledgement-based
control is exercised, which makes use of the information
fed by the downstream or destination node to regulate
the input traffic. In broadband networks, the propaga-
tion delay, when measured in terms of the service time
of a packet, is much longer than that in narrowband
networks; consequently, the acknowledgement-based
control mechanism is not suitable.

In addition, window-based flow control and the
first-come-first-serve policy can neither satisfy some
performance requirements, such as bounded delay and
loss free transmission, nor provide firewalls among
connections. Therefore, some rate-based congestion
control mechanisms have been proposed. These
control mechanisms include virtual clock’, stop-and-
go® "', hierarchical round-robin'?, fair queueing'?,
delay-earliest-due-date'* and jitter-earliest-due-date'>.
The first three of the above are of particular interest in
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this paper, and their pros and cons will be discussed
below.

The main purpose of virtual clock is to maintain the
statistical multiplexing flexibility of packet switching
while ensuring each data flow its reserved average
throughput rate. A flow that exceeds its reservation
will get a worse service, since its virtual clock rate will
run faster, which effectively builds firewalls between
data flows. However, a bounded end-to-end delay is not
supported without a peak-rate-based bandwidth reser-
vation and a proper traftic policing policy.

The stop-and-go policy guarantees services per
connection with a bounded end-to-end delay and a loss
free transmission. A bandwidth reservation for each
connection is made by the admission control based on
its peak rate requirement. In this policy, it is desirable to
incorporate multiple frame sizes according to different
delay requirements. However, the frame size of the
longer ones must be integer times of that of the smaller
ones. Furthermore, the time framing on incoming links
and that on outgoing links have to be synchronized at
each node. To implement this synchronization, extra
synchronization delay is introduced per node. Addition-
ally, statistical multiplexing among connections is not
provided.

Hierarchical round-robin has similar pros and cons to
the stop-and-go policy. With careful comparisons, the
hierarchical round-robin and stop-and-go policies are
the same in many areas, such as service discipline,
bandwidth allocation, buffer requirement and delay
performance”’.

Based on the above discussion, we are inspired to
design a novel congestion control mechanism which can
achieve the advantages of the above policies without
their disadvantages. The new congestion control
mechanism, continuous framing, not only provides loss
free transmission and bounded end-to-end delay, but
also achieves a statistical multiplexing gain among
connections. More importantly, the end-to-end delay of
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a connection is reduced from 2H-T, as provided by
stop-and-go, to H-T, where H is the number of links
(hops) the connection will pass by, and T is the interval
of one time frame.

This paper is organized as follows. The next section
contains the basic structure of the continuous framing
mechanism. However, the statistical multiplexing gain is
not provided in this basic form. An enhanced
mechanism, namely delay sending, is then presented to
provide intra-connection multiplexing gain. Another
enhanced mechanism, virtual tag, is also described to
provide inter-connection multiplexing gain.

CONTINUOUS FRAMING

Continuous framing consists of two components: an
admission and congestion control policy imposed at the
source node of each connection, and a service discipline
at each intermediate node along the path. We use the
concept of time framing as the central role of the service
discipline, as in stop-and-go. The structure of the time
framing strategy is illustrated in Figure I, where packets
arriving in the kth frame should be sent out in the
(k+1)st frame. The basic concept of continuous framing
is similar to that of the stop-and-go policy; hence, we
will first briefly review the stop-and-go policy.

In stop-and-go, admission control and service disci-
pline are based on each time frame, ie. before a
connection is set up, it has to reserve a certain
bandwidth in each time frame. If the request is
granted, the connection can be set up and a loss free
transmission is guaranteed if the reservation is based on
the peak rate of the connection. To provide a bounded
end-to-end delay, a mechanism in all nodes should be
implemented as below.

At each node, all packets arriving in one time frame
from the incoming link should be sent out in the
following time frame on its outgoing link. Therefore, if
the length of one time frame equals 7, the delay
incurred per intermediate node has a value between 0
and T. However, since the time framing structures of the
incoming and outgoing links are normally not synchro-
nized, as shown in Figure 2, an extra delay is required
for synchronization. This extra delay per node can be as
high as T, hence the delay incurred per node has a value
between 0 and 2T. Thus, if there are H hops along the
path from the source to the destination, the end-to-end
delay can be bounded by 2H-T.

General concept of continuous framing

The objective of continuous framing is to remove the
synchronization delay, as in the stop-and-go policy. To
achieve this, the time framing structures of the incoming
and outgoing links should be perfectly synchronized, i.e.
for a connection j which passes through an intermediate
node i with incoming link Lj, and outgoing link L,
node i should start a time frame on L, for connection j
as soon as a time frame finishes on L;,, as shown in

Time frame length = T
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Figure 1 Structure of time framing strategy
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Figure 2 Structure of non-synchronized framing in stop-and-go

Figure 1. This perfect match of the time framings on
incoming and outgoing links is the reason why this
control mechanism is called continuous framing.

Since the framing structures on L;, and L, are
perfectly synchronized, there will be no synchronization
delay at each node. Under such a mechanism, a packet
will suffer only a delay of 7" on each intermediate node,
hence the end-to-end delay can be bounded by H-T.
However, there are two problems to be considered for
this mechanism:

1. For the output link L,,, there may be several
connections passing through it, and their time frames
may have different sizes and may not start or end at
the same time. How can connection j be guaranteed
that all packets in one frame from L;, can be sent out
within the following frame from Lgy,?

2. How can the intermediate node know that a time
frame has just finished on L;, for connection j such
that it should start a new time frame on L, for that
connection?

To answer the first problem, we require the packets
sent in one time frame to be evenly spread over the
entire frame with the last packet sent at or near the end
of the frame. For instance, if there are M packets to be
sent in a frame with length T, then these packets should
have an interval of length T/M between every two
packets as shown in Figure 3. In this figure, the time
intervals between packets (1, 2) and (2, 3) are 7/3 and
those between packets (3, 4), (4, 5), (5, 6) and (6, 7) are
T/4. With such a constraint, the traffic pattern contrib-
uted by each connection would be uniform such that we
can describe the data rate (or load) of the connection to
be M/T packets/s without specifying the traffic pattern.

The advantage of doing this is to remove packet
clustering of every connection. Hence, as long as the
local load of all connections on L., is smaller than
unity, all packets in one incoming frame are guaranteed
to be served in one frame on the outgoing link.
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Figure 3 Sending packets uniformly within a frame

To answer the second problem, we simply add an
ending flag on the last packet in a time frame for
identification. Thus, as long as the intermediate node
sees a packet with this flag, it knows that the incoming
frame has been finished and a new frame should be
started immediately on the outgoing link. An example is
shown in Figure 4, where a dashed line represents the
packet with the ending flag. With this mechanism, the
time framings of different connections on a link do not
have to begin or end at the same time.

In the following, we use the ATM network as an
example to illustrate the concept, with the following
assumptions:

1. The output link capacity can send 400,000 cells per
second, equivalent to a bandwidth of 169.6 Mbit/s
(=400,000*53*8).

2. There are in total six connections multiplexed on the
output link, assuming the time frame is 10 ms for
each connection. Hence, 4000 cells can be sent in
one time frame on the output link. For each of
explanation, we assume there are 4000 slots in one
time frame, where one slot can be used to send one
ATM cell.

3. Each of connections 1 and 2 will send 400 cells per
frame, equivalent to a bandwidth requirement of
16.96 Mbit/s per connection. Each of connections 3
and 4 will send 200 cells per frame, equivalent to a
bandwidth of 8.48 Mbit/s per connection. Lastly,
each of connections 5 and 6 will send 40 cells per
frame, equivalent to a bandwidth of 1.696 Mbit/s.

Based on the above conditions, and assuming that all
cells have arrived in the previous time frame, connection
1 will use slots 10, 20, 30, ...... , 3990 and 4000 to send
its packets in the current time frame. The packet sent in
slot 4000 should contain the ending flag. Similarly,
connection 2 will use slots 9, 19, 29, ...... , 3989 and
3999 for transmission; connection 3 will use slots 18, 38,

1T7 3 4 5 6 7
Packet 1
departing T/L?_J ‘ H T A
[}
Packet f t t f T i \TM
arriving 1 7 L 5 6 3

Figure 4 Time framing strategy with ending flag

58, ...... , 3978 and 3998 for transmission; connection 4
will use slots 17, 37, 57, ...... , 3977 and 3997 for
transmission; connection 5 will use slots 96, 196, 296,
...... , 3896 and 3996 for transmission; finally, connec-
tion 6 will use slots 95, 195, 295, ...... , 3895 and 3995
for transmission. Note that all packets in a connection
are evenly spread out, and all packets are sent out
within one time frame. This concept can be extended
easily to connections requiring different frame sizes.

Admission and congestion control mechanisms

Before further describing the protocol, we define the
following notation:

Capacity of the link (bits/s).

Number of bits in a packet.

Time frame length of the ith connection.

Number of packets permitted to be sent during

one time frame from the ith connection. It is also

the bandwidth reserved by the ith connection.

U Utilization (load) of the ith connection on the
link.

A;(1): Number of packets actually arriving within time
frame ¢ from the ith connection.

D;(1): Number of packets that can actually be sent in

time frame (1+1) from the ith connection.

In this section, we assume that all connections will make
a bandwidth reservation based on their peak rates such that
no packet loss may occur. Under this assumption, 4;(?)
will be equal to D;(f) and will never be greater than M.

The admission control mechanism is exercised before
the connection is set up, to prevent the network from
being overloaded. For connection i with the chosen 7;
and M;, its contributed load on each link will be
Ui =M;-L/T-C. Hence, for connection i to be
admitted into the network, the following test should be
exercised on each link it passes:

iUi<1 (1)
i=1

where there are in total n connections, including
connection i, on this link. The test guarantees that all
links along the path are not saturated.

The congestion control at all nodes can be imple-
mented easily as follows. After receiving all packets
within one time frame from the incoming link, say 4,,
by detecting the ending flag a node will immediately
start a new frame on the outgoing link and send these
packets evenly with a gap T:/A; in between, as described
earlier. With this control mechanism, an end-to-end
delay bound and loss free transmission is ensured.

1. Continuous framing does not require extra delay for
node synchronization as in stop-and-go, such that
the end-to-end delay can be bounded by H-T.
Moreover, the jitter of continuous framing will be
smaller than that of stop-and-go by removing the
node synchronization delay.
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2. For each switching node, the output traffic pattern
of one connection will be reconstructed to be similar
to its previous node®'S. Hence, a similar output
traffic pattern can be maintained throughout the
network to reduce the phenomenon of packet
clumping and dispersion in the network®"'’.

3. Each connection is allowed to have an arbitrary
time frame length, such that they do not have to be
the multiple times of others, as required by stop-
and-go.

Implementation issues

A problem of continuous framing is the computational
complexity imposed on each intermediate node, since
each connection requires the node to detect the
beginning and end of the time frame, to compute the
total number of packets received in the time frame, and
to compute the spacing between packets on the
outgoing link. To alleviate the loading of these inter-
mediate nodes, an implementation method is
proposed.

The idea is to move most of the computation
requirements from intermediate nodes to source
nodes, that is, the source node has to calculate the
number of packets to be sent within each time frame
and the time spacing between packets. This value of
time spacing (timestamp) between packets should be
put into the header of the previous packet. For
instance, if packets i and /41 should have a spacing
of [, then a timestamp of / should be put in the header
of packet i such that, whenever an intermediate node
receives packet i, it can immediately pre-schedule a
slot / time later for packet i+1 which is yet to come.
This mechanism relieves the computational require-
ment of intermediate nodes.

Let us use Figure 3 as an example, which represents
the packet arrivals and departures at a source node. At
time 7, the source node realizes that there are three
packets to be sent in the following frame; it will then put
a timestamp of 7/3 in packets 1 and 2. At time 27, the
source node realizes there are four packets to be sent in
the following frame, hence it puts a timestamp of 7/4 in
packets 3, 4, S and 6 and so on. With such a design, by
reading the timestamp from a packet, the intermediate
node can immediately schedule the transmission time of
its following packet without further waiting and compu-
tation.

CONTINUOUS FRAMING WITH DELAY
SENDING

In this section, an enhanced mechanism called delay
sending is proposed to be used with continuous framing.
The purpose of delay sending is to reduce the
bandwidth requirement as compared to that of pure
continuous framing, while retaining the same end-to-
end delay and loss of free transmission.

Basic concept

Before discussion, we define a stream of packets to be
(r,T)-smooth as that during any interval of length T, the
total arrived packets have no more than r-T bits, where
r stands for an upper bound of the traffic rate. In most
cases, for a connection to satisfy both (r,7;)-smooth
and (r,,T>)-smooth, then ry > r, if T, < T,, that is,
given a larger time interval, there is a better chance to
smooth out the burstiness of the traffic such that a
smaller bandwidth is required. Thus, we may increase
the time frame interval to reduce the bandwidth
requirement.

However, if we simply increase the time frame size
from Tto T, the end-to-end delay will also be increased
proportionally from H-T to H-T', so to reduce the peak
rate demand for a connection without increasing its
end-to-end delay from H-T to H-T’, a modification of
the above concept is required.

In pure continuous framing, all arriving packets
within one time frame are guaranteed to be sent out in
the foliowing time frame, either at the source or at all
intermediate nodes. In delay sending, the rule is slightly
modified. At the source node, all arriving packets within
one time frame would be guaranteed to be sent out in
the following two frames. As shown in Figure 5, the
connection has a bandwidth of three packets per time
frame, and if four packets arrive in one frame, then
packet number 4 is guaranteed to be sent out in the
second following frame. Clearly, the peak rate assign-
ment at the source node is done based on an interval of
two time frames.

In other words, in pure continuous framing, the
bandwidth requirement r;, has to satisfy the (r,7)-
smooth property, while the bandwidth requirement for
delay sending, r,, only has to satisfy the (r,,27)-smooth
property. As mentioned earlier, r, is normally smaller
than ry, thus the bandwidth requirement can be reduced.

For all intermediate nodes, the rule remains the same
as in pure continuous framing, i.e. all packets arriving in
one time frame from the input link should be sent out in
the following frame on the outgoing link. In the
following, we examine the end-to-end delay incurred by
delay sending. Since the packets may suffer a delay of
up to 27 at the source node and one T for each
intermediate node, the end-to-end delay can be
bounded by (H+1)-T. Therefore, a bandwidth saving
can be achieved at the cost of an increased end-to-end
delay from H-T to (H+1)-T. If H is large, the portion of
increased delay will be insignificant.

departing frame { { % |
2T 3T 4T 5T
arriving frame % LT ¥ { IL.
ZTT H T3T T L4t 5T
1234 56

Figure 5 Service discipline of continuous framing with delay sending
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Additionally, if we allow packets to be sent out within
the following three frames at the source node, then the
connection only requires a transmission rate r3 to satisfy
the (r3,37)-smooth property. Similarly, the end-to-end
delay will become (H+2)-T in this case. Likewise, we
can find r4 to satisfy the (r4,47)-smooth property, etc.
Again, the magnitudes of these transmission rates will
normally have the relationship n=2rn=rn=2rn>= ...,
hence more bandwidth can be saved. However, the end-
to-end delay will be increased by T, 2T, 3T or 4T,
respectively. Basically, we can decrease the bandwidth
requirement by delaying more time frames at the source
node at the cost of an increased delay. Hence, choosing
a proper number of delayed frames will depend upon
the performance requirement of connections.

In fact, we can reduce the bandwidth requirement
while keeping the same end-to-end delay. To make the
end-to-end delay of delay sending (with one extra
frame) the same as that of the pure continuous framing
method, the following condition should be satisfied:

HT=H+1)T (2

where T’ is the time frame interval of the pure
continuous framing and T’ is that of delay sending.
Hence, we have:

_H
T H+1

For example, if T=10 and H=9, then 7' =9. In
this case, if we denote the bandwidth requirement using
pure continuous framing as r, and that using delay
sending as r,, then r; has to satisfy (r;, 18)-smooth.
Thus, r, will normally be smaller than r;, and hence a
bandwidth saving is obtained. However, there are a few
cases with special traffic patterns such that r; < r,, then
we simply use the pure continuous framing mechanism.
That is, an aiternative is provided by considering delay
sending together with pure continuous framing to save
bandwidth. Thus, the bandwidth requirement for the
connection may be reduced while the end-to-end delay
remains the same.

!

€)

Examples

In this subsection, we present two examples to demon-
strate the effect of bandwidth saving by using delay
sending. The first example uses a probabilistic model to
simulate the packet arrival process. This model assumes
that there are T slots in one time frame, where each slot
can be used to transmit one packet. We also assume the
average arrivals of a connection to be N packets per
time frame. Therefore, we model the arrival process as a
Bernoulli process with packet arrival rate p = N/T per
time slot for this connection.

Based on this model, the number of packet arrivals
during one time frame is a random variable, ranging
from 0 to T, with an average of N. Hence, to guarantee
a loss free transmission, the bandwidth reservation will
be T slots per time frame, which will use up all the

channel bandwidth, and will be impractical. Hence, in
this example, the connection will not require a loss free
transmission. Instead, the connection will reserve a
bandwidth to guarantee a packet loss probability to be
smaller than a given Pjoss.

We define K as the number of reserved slots per time
frame for the connection. Then, given T,p and K, we
have:

T K+1 T-K-1
e

T

K+2
K+Jp

a —p)"“-2+~~+[§]p7-(T—K)
T-p

< Ploss
By simplifying it, we have:

|:Z—i|pl(1 _P)T_’(i* K) < T'p'Ploss
K+1<igT

From this equation, we can compute K from the
given Pj. In the following, we find and compare the
values of K for pure continuous framing and delay
sending under the condition that they have the same
end-to-end delay. Figure 6 shows the results of
bandwidth requirements for pure continuous framing
and delay sending with one extra frame delayed at the
source node. Note that in this figure, the bandwidth
requirements are normalized with respect to 7. The
parameters used in Figure 6 are T=20, H=9 and
Poss = 107*. We can observe that the bandwidth
requirement for delay sending is always smaller than
that of pure continuous framing, while the end-to-end
delay remains the same. Moreover, for p < 0.7, the
average bandwidth saving for delay sending is about
25%, which is very significant. Figure 7 shows the
results by changing T from 20 to 30, and a similar
conclusion is obtained.

Figure 8 gives another result, which shows the effect
of delaying more frames at the source node with
p=0.1, T=10, H=9 and P, = 10"*. Again, the
end-to-end delay remains the same for all cases.
Clearly, more bandwidth saving can be achieved if
packets can be delayed for more time frames at the
source node.

0 1 1 1 1 1 L L 1 1
0.050.150.25 0.35 0.45 0.55 0.65 0.75 0.85 0.95

Bandwidth requirement

Average packet arrival rate

Figure 6 Comparison of bandwidth requirement with and without
delay sending (T =20, H=9, Py = 107%)
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Figure 7 Comparison of bandwidth requirement with and without
delay sending (T = 30, H =9, Py, = 107%)
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Figure 8 Comparison of bandwidth requirement by varying number
of delayed frames (T =10, H =9, p = 0.1, Py = 1074

For the second example, we use a train model as the
packet arrival process. The packet arrival process can be
described as an ON-OFF-ON-OFF model. Similar to
the previous example, we divide time into slots where
one slot can be used to transmit one packet. When the
arrival process is in the ON state, one packet will arrive
in each slot. While the process is in the OFF state, no
packets will arrive. This model can be described by a 4-
tuple (N;. F;, N, F») as that within one cycle, there are
N, consecutive packet arrivals, followed by F, idle slots,
which are followed by another N, consecutive packet
arrivals and another F, idle slots. This pattern will
repeat itself to constitute the arrival process. This model
can be viewed as a second degree ON-OFF train model
to obtain a more bursty traffic pattern.

For this type of arrival process, the bandwidth
reservation can be made to achieve a loss free transmis-
sion. We can easily derive the bandwidth requirement of
connections, as shown in Figure 9, by varying the value
of N with N, = 3, F, =F, =6, H=9 and T = 10.
Similarly, the end-to-end delay for cases with or without
delay sending are set equal. This figure shows that the
bandwidth saving ranges from 12% (N; = 5) to 40%
(N, = 10, 11, Ind 12). This result again shows the
efficiency in bandwidth saving by using delay sending.
Moreover, the more bursty the packet steam is, the
more bandwidth saving there will be. The results of
another set of parameters (7 = 20, N; = 3N,, F| = F;
= 6, H =9) are illustrated in Figure 10, and a similar
behaviour is also observed.

If we think carefully about delay sending, it is
essentially a mechanism of intra-connection multi-

plexing between time frames of the same connection.
That is, if there are more packets than the connection is
granted in one time frame, these extra packets will
probably find unused bandwidth in the following time
frame for transmission. With this concept in mind, we
will naturally think of infer-connection multiplexing,
where one connection with extra packets can use unused
bandwidth from other connections. This will be
described in the following section.

CONTINUOUS FRAMING WITH VIRTUAL
TAG

For many multimedia applications, the traffic is so
bursty that it is impractical to reserve the bandwidth
based on its peak rate. MPEG encoded video stream
offers a good example in which an I-frame generates a
much larger amount of data than a B-frame. Hence, it is
more practical to reserve the bandwidth to be smaller
than its peak rate. However, whenever the input data of
a connection exceeds its reserved bandwidth in some
time frames, it would be desirable that it can use the
unused bandwidth of other connections, if there is any.

In this service mechanism, each connection sends as
many packets as it can up to its reservation. Moreover,
it also monitors the bandwidth usage of other connec-
tions in order to use their unused bandwidth. This
concept is very similar to that of leaky bucket with

-
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Figure 9 Comparison of bandwidth requirement using train model
(T=10,N,=3,F =F,=6H=9....-. : Without delay sending;
: with delay sending.
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Figure 10 Comparison of bandwidth requirement using train model
(T=20, Ny =3N,, FF=F, =6 H=9). ------ : Without delay
sending; ----——: with delay sending.
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virtual tag. The service operations of this mechanism
are similar to those of pure continuous framing, with
the following modification.

At the beginning of one time frame, connections are
assigned into two groups, groups U and V, according to
the number of packet arrivals within the previous time
frame. By using the notation defined earlier, a connec-
tion will belong to group U if 4; < M;, i.e. the number
of arriving packets does not exceed its reservation.
Otherwise, this connection will belong to group V. For
group U connections, the service discipline is the same
as in pure continuous framing.

For a group V connection i(4; > M;), we first
allocate M; slots to this connection within the current
time frame, and these slots are scattered evenly with a
gap T;/M; in between, as usual. Then, of all 4; packets,
M, of those with a higher priority will definitely be sent
out in the current time frame using the reserved
bandwidth. For the remaining 4; — M, packets, which
are packets with a lower priority, they will be tagged
and the number of tagged packets will be recorded in a
counter. The channel server will examine all connections
to see if there is any empty slot unused by Group U
connections. If there is any, it can be used to transmit a
tagged packet. If, at any following intermediate node,
idle slots cannot be found for these tagged packets, they
will be dropped.

CONCLUSIONS

A novel congestion control strategy, continuous
framing, for delay sensitive traffic in broadband
networks is presented. Two enhanced mechanisms,
delay sending and virtual tag, are also proposed to
increase the channel efficiency. Moreover, these two
enhanced mechanisms can be combined together for
use with continuous framing simultaneously, since
one provides intra-connection multiplexing and the
other provides inter-connection multiplexing, and
there is no conflict between them in implementation.
Hence, the channel utilization can be further
increased. In summary, the main contributions of
this paper are:

1. Continuous framing provides bounded end-to-end
delay and loss free transmission, as in stop-and-go.
Moreover, the phenomenon of packet clustering is
removed.

2. The bounded end-to-end delay caused by using
continuous framing is reduced from 2H-T, as in
stop-and-go, to H-T. This is a significant improve-
ment.

3. Continuous framing allows frames to be of arbitrary
lengths to satisfy various traffic patterns and real-
time constraints. This is difficult to achieve with
stop-and-go.

4. By using continuous framing with delay sending,
bandwidth saving can be achieved without sacrific-
ing performance quality, such as end-to-end delay.

5. By using continuous framing with virtual tag, inter-
connection multiplexing can be obtained to improve
channel efficiency, and the packets are still served in
sequence. Moreover, it provides firewalls among
connections, such that even if a connection sends
more packets than its reservation, other connections
will not be affected.

6. By using continuous framing with delay sending and
virtual tag, both intra- and inter-connection multi-
plexing gains can be achieved. Hence, the bandwidth
utilization can be further increased without losing
other good properties.
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