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Abstract

We present an admission control framework and loss
management techniques in support of a guaranteed statis-
tical service. The service is characterized by (i) the loss rate
of application data units (ADUs) bounded below a specified
value, and (ii) ADU losses distributed evenly among flows
subscribing to the service and uniformly over the duration of
each flow. Specifically, a flow is modeled as a sequence of
bursts, each of which is a sequence of packets that carry the
bits of an ADU. The first packet of each burst carries infor-
mation on the ADU (e.g., its bandwidth requirement). This
traffic model enables admission contro] at the burst level as
well as at the flow level. Such a two level admission control
approach is very effective in bounding end-to-end ADU loss
rates of flows while maintaining high channel utilization in
the network. The traffic model also enables simple tech-
niques that can be used at a network channel to distribute
ADU losses evenly among flows subscribing to the same
statistical service, and to protect high priority ADUs (e.g., I
frames of MPEG applications).

1 Introduction

In all packet switching networks, packets have a maxi-
mum size (in number of bits). Most application data units
(ADUs) are too large to be carried in a single packet and
must be segmented for network delivery. To an application,
the end-to-end delays and loss rate of its data units are more
relevant performance measures than ones specified for in-

dividual packets. For example, consider an application that
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sends a sequence of video pictures over an IP network. Each
picture may be segmented into a sequence of IP packets.
Clearly the loss rate of the pictures is much more important
to the application than the loss rate of the packets.

However, packet delays and packet loss rate are the
performance measures used in the Internet service model
[21, 23] and the ATM service architecture [9, 11]. Specifi-
cally, three types of services have been identified according
to the quality of service (QoS) requirements for packets:
deterministic (guaranteed), statistical (controlled-load), and
best-effort. To provide better support to applications, we be-
lieve that the service models should be extended to include
QoS requirements for ADUs.

Best-effort service is well understood, and it is provided
by the current Internet. There is also a fairly good under-
standing of deterministic services following the recent de-
velopment of rate-based packet scheduling algorithms (e.g.,
[17, 19]). However, many important questions remain in
characterizing statistical services. The lack of a good under-

standing of statistical services is manifested in three areas:

e The loss rate of packets has been exclusively used as
the performance measure. As discussed above, the loss
rate of ADUs is much more relevant to an application.
In particular, because of segmentation, even a small
rate of packet losses could result in a large number of
ADU losses.

e The term “statistical” is not well defined. There is a

general consensus that it implies that a small fraction
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of packets could be lost.! However, the consequence to
applications can be quite different depending on how
and at what time scale the loss rate is measured. For
example, if the loss rate is measured at a large time
scale, say over intervals of several hours, a large num-
ber of consecutive packets could be lost for a flow even
when the measured loss rate is small. Such a statisti-
cal service (like the predictive service defined in [S]) is
appropriate only for applications that can adapt to long
periods of persistent losses. Moreover, the important
issue of fair distribution of losses among flows has not

received much attention.

¢ Complex statistical traffic models are often used in the
development of new techniques to provide statistical
performance guarantees at a small time scale (e.g., over
intervals of milliseconds). Such models may not be
practical because (i) real world traffic has long range
dependency [10], and (ii) traffic monitoring and polic-
ing, if required, would be difficult to implement with a
complex statistical traffic model.

This paper is concerned with providing a guaranteed sta-
tistical service to delay-sensitive flows. The term statistical
means that the loss rate of the service may be nonzero. The
loss rate is measured in application data units lost (including
those late in arriving to their destinations). The term guar-
anteed means that the service’s loss rate can be accurately
predicted at connection setup time. In particular, we present
an admission control framework and loss management tech-
niques for providing the guaranteed statistical service.

We model a flow as a sequence of bursts, each of which
is a sequence of packets that carry the bits of an ADU. The
first packet of each burst carries information on the ADU
(e.g., its bandwidth requirement). This traffic model en-
ables admission control by a network node at the burst level
as well as at the flow level. To achieve high channel utiliza-
tion, overbooking is allowed in flow level admission control.
Burst level admission control, on the other hand, is used to
ensure that the capacity of each channel is not exceeded by

IFor a real-time service, packets that arrive to their destinations late

(i.e., exceed their end-to-end delay bounds) are considered to be lost.

143

bandwidths allocated to flows such that delay guarantees can
be provided to ADUs. As demonstrated by experimental re-
sults, such a two level admission control approach is very
effective in bounding end-to-end ADU loss rates of flows
while maintaining high channel utilization in the network.
The traffic model also enables simple techniques that can be
used at a channel to distribute losses evenly among flows
subscribing to the same statistical service, and to protect
high priority ADUs (e.g., I frames of MPEG applications).

A guaranteed statistical service, such as the one proposed
herein, will greatly enhance the ability of existing networks
to support interactive video and audio applications such as
remote teaching and video conferencing, which cannot tol-
erate long durations of ADU (e.g. video picture or audio
clip) losses, and for which a deterministic service is unnec-
essary and too costly.

The balance of this paper is organized as follows. In
Section 2, our traffic model is described. In Section 3, an al-
gorithm for single node admission control, at both the flow
and burst levels, is presented. In Section 4, techniques for
managing losses at a single node are presented. In Section
5, the issue of nodal allocation of an end-to-end ADU loss
requirement is investigated. In Section 6, some related work

is discussed.

2 Traffic Model

In designing networks that provide delay guarantees to
variable bit rate (VBR) flows, we introduced the concept of
a burst [16], which models a sequence of packets that en-
capsulate an application data unit. For video, for example,
a burst models a sequence of packets that carry the encoded
bits of a picture. The first and last packets of each burst are
marked and the first packet carries information on the bit
(or packet) rate of the burst.? In summary, we developed a
deterministic flow model in which the boundaries and the
bandwidth requirement of each ADU are encoded and ac-

cessible by the network.

2This part of our model can have different implementations. For exam-
ple in ATM networks, it may be desirable to use RM cells to mark bursts
and carry rate information.



Such a deterministic traffic model makes burst-based
rate allocation possible. Specifically, at each channel, a re-
served rate is not allocated to an admitted flow until the first
packet of a burst arrives, and the rate is subsequently deallo-
cated when the last packet of the burst departs [16]. (At any
time, at most one burst in each flow is allocated its reserved
rate.) As a result, the rate allocated to a VBR flow is vari-
able, i.e., it changes from one burst to the next. Burst-based
rate allocation has the advantage of allocating a rate that is
exactly what a flow needs at all time.

The burst concept and traffic model are particularly ap-
plicable to network design in support of application-level
services [16, 25]. Specifically, they allow each ADU’s pack-
ets to be processed as a whole, and independently from other
ADUs. Consequently much more predictable performance
for ADUs can be rendered. Moreover, networks can be de-
signed to provide ADUs with delay guarantees so long as
the capacity of each channel is not exceeded by the aggre-
gate rate allocated [16].

In what follows, we assume that each flow that subscribes
to the guaranteed statistical service conforms to the deter-

ministic traffic model defined below.

Definition 1 (deterministic traffic model) A flow is mod-
eled as a sequence of bursts, each of which is a sequence
of packets that carry the bits of an ADU. The first and last
packets of each burst are marked. The first packet carries
some information on the ADU (including its bandwidth re-

quirement).

There are costs associated with requiring flows to con-
form to the above traffic model, namely: the extra bits for
encoding ADU information in some packets, and the extra
processing by a nctwork node to retrieve and act on the in-
formation. However, they are bearable with today’s network
technologies (especially hardware), and the potential bene-
fits outweigh the costs. In fact, my approach is consistent
with the technology trend: It is advocated that the network
be more active, i.e. to perform more application specific
computations based on packet contents [8], so that better

and more flexible services can be provided.

3 Admission Control by a Node

In this section, we describe an admission control algo-
rithm that can be used by a node to bound the ADU loss rate
at its channel below a specified value. We will discuss how
to perform nodal allocation of an end-to-end loss require-
ment in Section 5.

For designing admission control, we assume that the path
of each flow is fixed. For a particular flow, its path is a
sequence of nodes, each of which consists of an outgoing
channel, and a set of buffers for the channel where packets
of different flows are queued.

Consider a particular node. Let C (bits/second) be the
channel capacity dedicated to a guaranteed statistical service
with a target ADU loss rate of p. (Note that it is straightfor-
ward to extend our design to a channel that is hierarchically
shared by different agencies, by multiple classes of statisti-
cal services, etc. [1, 25]).

In addition to bounding the ADU loss rate, another goal

of admission control is to achieve high:channel utilization.

~ Next, we present a novel approach that combines admission
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control at the flow level and admission control at the burst

level to achieve both goals.

3.1 Burst Level Admission Control

Our traffic model, as discussed carlier, makes it possi-
ble for the packets of a burst (ADU) to be processed as a
whole, and independently from other bursts. Thus, separate
admission control can be performed for each burst. Specif-
ically, a burst is accepted only if the burst’s reserved rate?
does not exceed the channel’s unallocated capacity; other-
wise, the entire burst will be discarded. (Note that a similar
mechanism, called the ATM Block Transfer (ABT) capabil-
ity, is being standardized by ITU-T [14].)

'With burst level admission-control, packet losses are con-
centrated over a small number of ADUs, and channel capac-
ity is not wasted on delivery of partial ADUs.*

Notation. In what follows, we use 7 to index flows,; and use

m to index bursts.

3The exact value is carried in the first packet of the burst. '
“The usefulness of partial ADUs will be discussed later in Section 6.




Algorithm specification of burst level admission control

The variable A is used to store the aggregate rate allocated,
and is initialized to 0. Let \,,, denote the bandwidth require-

ment (or reserved rate) of burst m.

¢ upon arrival of first packet of burst m

Burst_Admission_Control (' m )

1 f(A+ A, >C)

2 then discard burst m;
3 else admit burst m;
4 A=A+ )\y;

o upon departure of last packet of burst m
A=A-A\p;

The above algorithm has extremely low processing cost.
Furthermore, it is performed only once per burst. Note that
the average inter-burst arrival time is usually much larger
than the average inter-packet arrival time. (This is espe-
cially true in an ATM network.) Therefore, the algorithm
is suitable for high speed networks.

3.2

Burst level admission control insures that channel ca-

Flow Level Admission Control

pacity is not exceeded at any time by discarding bursts if
necessary. This ensures that delay guarantees can be pro-
vided to bursts that are accepted by the node [16]. Since
all ADU losses are due to burst level admission control, the
goal of flow level admission control at the node becomes
very specific: to allow as much overbooking as possible
while bounding the probability that the channel’s unallo-
cated capacity is not sufficient for a newly arrived burst —
denoted as the overflow probability — by p. The overflow
probability and statistical multiplexing gains are closely re-
lated. In particular, if two channels have the same overflow
probablity, the utilization is higher, because of statistical
multiplexing gains, for the one that has a larger capacity and
is shared by more flows. Therefore, our flow level admission
control exploits statistical multiplexing gains in an explicit

manner.
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Flow level admission control condition

Assume that the statistical service of the node is currently
shared by a set of M flows (indexed by 1,2, ..., M). Each
flow, say i, supplies the following set of traffic (TSpec)
parameters when making a reservation with the node: sus-
tained bit (or packet) rate SR;, peak rate PR;, and rate
variance RV;. At any time, with burst-based rate allocation,
at most one burst in each flow has its reserved rate allocated.
Denote A;(t) the reserved rate for the burst of flow i that is
either allocated a rate or being processed by burst level ad-
mission control at time ¢. (A\;{¢) = 0 if there is no such
burst.)

In [24], we derived, using a generalized venison of cen-
tral limit theorem, the following sufficient condition to
bound the burst loss rate at the node below p:

Zp

Z
where Z,, is the (1 — p) percentile of the standard normal
distribution, and

7 C- T BN
T Var{x(®)

We refer to the value of (Z,/Z) as the Statistical Multiplex-
ing Intensity (SMI) of the service. It should never exceed
the threshold of 1 to bound the burst loss rate below p. In

<1, ey

(¢

practice, it is difficult to obtain the exact value of Z. How-

ever, Z can be estimated as follows:
M
- D SRi_

VX, Ry,

In summary, our admission control algorithm accepts a

3

new flow only if the following condition is not violated:

Zp
—— <1 4
7 = @

Note that the source of flow ¢ may not have a good esti-
mate of RV; at the time of connection setup. In such a case,
RYV; is upper bounded by SR; - (PR; — SR;), which can be

used as a pessimistic estimate.’

50n-line measurement of SR and RV can be performed for admitted
flows to improve the performance of flow level admission control. We are

currently investigating such techniques.



Algorithm specification of flow level admission control

The variables B and V are used to store respectively the
unallocated channel capacity and the aggregate rate variance
of admitted flows. Initially B is set to C, and V is set to O.
We assume that if a source does not have a good estimate of
RV at the time of connection setup, it will let the network
know by setting RV to —1.

¢ upon receiving connection request from flow

Flow_Admission_Control (1 )

1 #B-SR; <0

4 then reject the flow;

if (RV;, = -1)

5

6 then RV;:=SR;*(PR;— SR;);

7 SMI:= Z, x (sqrt(V + RV;)/(B — SRy));
8
9

f(SMI<1
then accept the flow;
10 B:=B - SR;;
11 V =V + RV;
12 else reject the flow;

3.3 Experimental Results

1-3
Lt
as l@ sw

Figure 1: Admission control for single node

We have evaluated the single node admission control
algorithm by performing a set of simulation experiments.
(More details about the experiments can be found in [24].)
The simulation configuration is shown in Figure 1. The
nodes labeled by VS denote video sources, and VD their
destination. Each video source generates 53-byte packets
from a trace file obtained from a MPEG video sequence,

and each MPEG frame (or picture) is considered an ADU.
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The two level admission control “algorithm is imple-
mented for channel L1 with a target ADU loss rate of p.
Each video source makes a reservation with L1, and starts
sending packets to the network only after the reservation
is successful. Packets are scheduled based on their virtual
clock values [27]. The channel capacity of L1 as well as the
value of p were varied in different experiments. We ran each

experiment for 10 seconds of simulated time.

Channel utilization

In Figure 2, we plot the channel utilization as a function of
the target picture loss rate p. The result shows that the chan-
nel is used much more efficiently with a statistical service
than a deterministic service (with zero loss rate). The price
to pay is a small non-zero picture loss probability. The uti-
lization increase is more significant with a higher channel
capacity, from below 30% to above 70% in the case where
the capacity of L1 is 56 Mbps. This is because the improve-
ment is due to statistical multiplexing gains, which are larger

with more flows sharing the channel.

30 ' L1 capacity = 8 Mbps ——

L1 capacity = 29 Mbps -—+—

20 - L1 capacity = 56 Mbps —e—

10

Channel utilization (%)

02% 04% 06% 08%
Targeted loss rate (p)

Figure 2: Channel utilization improvement

Actual picture loss rate

For the channel utilization gain to be meaningful, the ac-
tual ADU (picture) loss rates in the experiments cannot be
much larger than their respective target values. In Figure 3,
we compare the actual picture loss rate in each experiment,
averaged over five simulation runs using different random

seeds, with the target value. From the figure, we conclude
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Figure 3: Actual vs. target picture loss rate

that our admission control algorithm predicts the actual loss
rate well when a large number of flows share the channel.
(Around 30 flows were admitted when the channel capacity
of L1 was set to 56 Mbps.) This agrees with our analysis;
the larger the number of flows sharing the channel, the bet-
ter approximation based on the central limit theorem. Note
that the solid 45 degree line represents perfect prediction by

the central limit theorem.

4 Loss Management at a Node

For the guaranteed statistical service to be viable, con-
sidering the fact the service will be shared by many flows,
the issue of loss distribution must be addressed. In partic-
ular, the ADU losses should be distributed evenly among
all flows subscribing to the service and uniformly over the
duration of each flow.

In this section, we will discuss how to modify the admis-
sion control algorithm to enable the channel to anticipate
and manage ADU losses.®

We want to achieve two goals with such active loss man-
agement. The first goal is clear from the requirement of a
guaranteed statistical service; that is, losses should be dis-
tributed as evenly as possible among flows that share the
channel. The second goal is motivated by the fact that to
many applications, some of their ADUs are more important
than others. For example, to an MPEG decoder, I frames are

more important than either P or B frames. With our traffic

SWe do not consider packet losses due to link or transmission errors
because the probability of their occurrence is extremely small with today’s
hardware, and they can be dealt with by link layer protocols.

147

model, applications can easily mark important ADUs and
request that the network give priority to them. Therefore,
it is desirable that loss management at a node can facilitate
protection of high priority ADUs marked by applications.

Next, we present two loss management techniques based
on selective early ADU discard (SEAD). Similar to early
packet discard proposals [20, 22], SEAD achieves the goals
of fair loss distribution and protection of high priority ADUs
by taking early control actions. Specifically, a trigger point
is set at aC, where 0 < a < 1, and control actions are trig-
gered whenever the aggregate rate allocated by the channel
exceeds aC.

4.1 SEAD-1

For the first technique (named SEAD-1), the flow level
admission control algorithm remains the same as the one
described in Section 3.2. The burst level admission con-
trol algorithm is modified to implement SEAD. In particular,
there are two control actions. The first involves discarding
unmarked ADUs to protect high priority ADUs, and the sec-
ond makes use of binary counters, one for each flow (¢; for
flow ), to prevent a flow from losing consecutive ADUs.
Below is a specification of the modified burst level admis-
sion control algorithm. Initially the binary counter of each
flow is set to zero. f(m) denotes the index of the flow to

which burst m belongs.

Burst_Admission_Control ( o, m )

1 fA+A,.>0)
2 then discard burst m;
3 else if (44 )\, > aC and

burst m not marked with high priority)
4 then if (Cf(.m) =0)
5 then discard burst m;
6 Cim) = 1;
7 else admit burst m;
8 A=A+ Ap:
9 Crimy = 0;
10 else admit burst m;
11 A=A+ A,;



Note that in SEAD-1, flow level admission control is
not modified. The advantage is that high utilization can be
maintained at the same time that high priority ADUs have
a loss rate much smaller than p. This advantage does come
with a price. Namely, those unmarked ADUs can experi-
ence more losses. However, as stated in the theorem below,
the overall ADU loss rate is still bounded, albeit by a value
a little larger than p.

Theorem 1 Let 3 denote the maximum channel utilization
achievable by flow level admission control. When SEAD-1
is used, the overall ADU loss rate is bounded by py where py
is the value such that the (1 — p1) percentile of the standard
normal distribution equals ?:—_:—g-zp.

The proof is omitted due to space limit. It can be found in
[24].

Example 1 Consider the case where e = 0.95, B = 0.7,
andp = 0.2%. We have

a—B, _095-07

= 2.87=24
1-8°° 1-0.7 87

Therefore, the overall loss rate is still bounded by 0.8%
when SEAD-1 is used.

We have evaluated the performance of SEAD-1 by sim-
ulation experiments. The simulation configuration shown in
Figure 1 was used. The channel capacity of L1 is 48 Mbps.
For the experiments, I frames are marked high priority, and
all other frames are unmarked. A pair of experiments, la-
beled BASE and SEAD-1, were performed for every sim-
ulation run, and in each run a different random seed was
used. The original admission control algorithm (i.e. without
using SEAD) is used by L1 in BASE experiments. Table 1
contains the result from a typical simulation run. The result
shows that by using SEAD-1, the amount of high priority
ADU losses is reduced by more than 50%, and the losses
are distributed more evenly among flows (as indicated by the
fact that the highest loss rate for one flow is much smaller).

SEAD does add some processing cost to the admission
control algorithm. However, since the extra processing is

performed on a per ADU basis, the associated cost is not

Channel ADU losses Highest Loss Rate
Util Total | High Pri for One Flow
BASE 69 % 16 8 2.1%
SEAD-1 69 % 54 3 1.36%

Table 1: L1 capacity = 48 Mbps, p = 0.2%, a = 0.95
significant because the average ADU size is quite large com-
pared to the average packet size. Note that because of burst
level admission control, the units for statistical multiplex-
ing become ADUs instead of packets. That explains why
simple binary counters are effective in spreading out ADU

losses among flows as we have observed in the experiments.

4.2 SEAD-2

The second technique (named SEAD-2) is almost the
same as SEAD-1 except that it requires a small but signif-
icant modification to the flow level admission control algo-
rithim. Specifically, aC is used in place of C in flow level
admission control, i.e., B is initialized to aC instead of C
in the algorithm specification given in Section 3.2.

Compared to SEAD-1. the maximum channel utilization
achievable with SEAD-2 is lower. However, the difference
can be made insignificant by choosing a a value close to
1, say 0.95. Our experimental results indicate that such a
« value is sufficient for reaping all the benefits of SEAD-2,

namely:
¢ loss rate of high priority ADUs significantly reduced,
¢ loss rate of all ADUs below target value, and

& losses distributed more evenly among flows.

We have evaluated SEAD-2 using simulation experi-
ments. Table 2 contains the result of a typical simulation
run. The result shows that while the achieved channel uti-
lization is a little lower, both the amount of high priority
ADU losses and the highest loss rate for a flow are signifi-
cantly lower when SEAD-2 is used.

5 Nodal Allocation of End-to-End Loss
Requirement
So far we have shown that a network node can use admis-
sion control and loss management to -provide application-

level statistical services. What an application really needs,
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Channel ADU losses Highest Loss Rate
Util Total | High Pri for One Flow
BASE 71% 34 17 3.1%
SEAD-1 71% 86 10 2.7%
SEAD-2 | 67.6% 28 4 1.03%

Table 2: L1 capacity = 48 Mbps, p = 0.5%, oo = 0.95
however, is an end-to-end loss performance guarantee. In
this section, we discuss how to extend our design from a
single node to a flow path. In particular, we address the
problem of nodal allocation of an end-to-end ADU loss re-
quirement.

The nodal allocation problem can be formulated as fol-
lows: Consider a flow that requires a bound of F' on its
end-to-end ADU loss rate. Denote H the number of nodes in
its flow path. (The source and destination are not considered
part of the flow path.) Clearly eachnode h, h = 1,2,...,H,
must guarantee a bound, Fj, on the ADU loss rate of its
channel. The question is how to choose these F}, values
to bound the end-to-end loss rate below F' while achieving
good network performance.

Similar problems have been studied in the context of
packet (or cell) loss performance. In [7], it is shown that

F

~

&)
h=1

when F' « 1, and if cell losses at each node are indepen-

dent. In [18], an argument has been made that for a stringent

end-to-end loss constraint (i.e., F' < 1), a non-uniform dis-

tribution of loss among nodes does not significantly improve

network performance.

ADUs usually have much larger sizes than packets or
cells. Therefore the results cited above may not be applica-
ble to application-level service. In light of this uncertainty,
we have performed a set of simulation experiments on path
loss performance. The simulated network is shown in Figure
4. There are six video flows (V1-V6) that traverse through a
path of 4 nodes (L.1-L4) to their destination. The channel of
each node has a capacity of 40 Mbps. The admission con-
trol algorithm specified in Section 3 is implemented at each
node. There is also cross traffic carrying video data through

149

Figure 4: A simulated network path.

each node (e.g., CV1 flows to L1 to CD1). Real life MPEG

video sequences are again used to generate traffic traces.

In particular, we would like to obtain results that help us

answer the following two questions:

1. Is (5) still true in the context of ADU loss performance?

2. Is non-uniform distribution of loss among nodes
useful?

5.1 Effect of Source Thinning

To answer the first question, we designed an experiment
to study the effect of source thinning. Source thinning refers
to the fact that a flow may lose some traffic intensity due to
upstream losses as it traverses downstream. Specifically, we
chose an identical target picture loss rate of 0.2% for each
node, ie., p1 = po = p3 = py = 0.2%. The result is
shown in Figure 5, where the percentage of total losses at
each node is illustrated using a bar graph. Note that the
losses are averaged over 20 simulation runs using different
random seeds. The results show that source thinning does
not have a significant impact on ADU losses of a path when
there is a large amount of cross traffic through each node. In
such a case (likely for future high speed networks), it is not
overly conservative to assume that ADU losses of a flow are
independent at each node. Therefore (5) is applicable to our

framework of application-level service.
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Figure 5: Losses at different nodes in a path.
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Figure 6: Non-uniform nodal allocation.

5.2 Usefulness of Non-Uniform Nodal Allocation

To answer the second question, we repeated the previous
experiment with one simple modification. Specifically, we
assign different target loss rates to the four nodes: 0.3% to
the two upstream nodes (L1 and L2) and 0.1% to the two
downstream ones. As expected, the total losses, averaged
over 20 simulation runs, are very close for these two experi-
ments (46 losses in the new experiment vs. 48 in the original
one). The percentage of total losses at each node for the new
experiment is illustrated using a bar graph in Figure 6. The
results indicate that given an end-to-end loss requirement,
the ADU losses at downstream nodes can be reduced using
non-uniform nodal allocation. Such reduction can be quite
desirable for the purpose of minimizing wasteful work at the
upstream nodes. (A similar observation has motivated pro-
posals to give high priority to packets that have large hop
counts.) Because ADUs usually have large sizes, the poten-
tial gain of non-uniform nodal allocation, measured by ADU
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losses, can be significant. However as far as the overall net-
work utilization is concerned, non-uniform nodal allocation

does not cause any significant change.

6 Related Work

In this section, we review some related work in the area
of application-level QoS. More discussion on related work
can be found in [24].

Adaptive Resource Reservation

One main feature of the proposed deterministic traffic
model is that it enables resource reservation on a per ADU
basis for delay-sensitive VBR traffic. The need for such
adaptive resource reservation was also independently dis-
covered by several other researchers. Zhang and Knightly
have proposed a renegotiated deterministic VBR service,
called RED-VBR, based on their D-BIND traffic model
[26]. Specifically, a compressed video source renegotiates
its traffic specification and QoS with the network when its
flow rate changes significantly. When the renegotiation
fails, the source adjusts the quality control factor of the
video encoder to lower the transmission rate. Grossglauser
et. al. have designed a Renegotiated-Constant Bit Rate (R-
CBR) service for VBR flows using a similar approach [12].
The main difference is that R-CBR builds the renegotia-
tion service on top of a constant bit rate service. Chong
et. al. have concentrated on the on-line prediction of the dy-
namic bandwidth requirement of a VBR flow using neural
networks [3]. Additionally, several researchers (e.g., in [2])
have proposed to use in-call resource renegotiation as a fast

reservation mechanism for bursty data traffic.

Usefulness of Partially Delivered ADUs

Our work has been motivated by the distinction between
packets and ADUs. In particular, it is assumed that the en-
tire ADU would be considered lost by the application if
one of the ADU’s packets is lost. It should be noted that
there have been work such as the application level framing
(ALF) proposal by Clark and Tennenhouse [6] that permits
a partial ADU, i.e. one with some packet(s) lost, to be de-
livered to the application. While partially delivered ADUs

are useful to some applications, they cannot be utilized by




delay-sensitive applications without some QoS degradation.

It is our view that the network should have the capabilities

of (1) meeting the requirements of applications that cannot
tolerate QoS degradation, and (2) limiting the degradation
as much as possible for those that can. That is why in this

work, partially delivered ADUs are considered the same as

losses. Similarly, late ADUs are considered lost even though

there are applications (e.g., MBone audio/video tools) that

can adapt to change of delays.
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