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Abstract

In this paper a video quality adaptation system is proposed for video servers to provide VOD services in
DiffServ networks. This system keeps the receiver buffer from overflow or underflow by using feedback control,
which guarantees a stable and continuous playback quality despite the rapid fluctuations of the available
bandwidth. According to the characteristics of the DS networks, this control target is divided into sub-targets for
per-class. Unlike existing schemes, the system implements quality adaptation independently of the underlying
congestion control mechanisms since it gets the network status through the information about the receiver buffer
occupancy provided by an observer running at the server. This greatly simplifies the implementation and makes
the system more popular in networks. The system uses fuzzy logic to handle the nonlinear characteristics,
time-varying delay and uncertainty of the model.
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I. INTRODUCTION

Many multimedia applications on the Internet, such as real-time video and stored video on demand
(VOD), are becoming more and more popular than traditional ones. But there is a paradox between
the stringent network bandwidth and these increasing applications, especially for their rigid
requirements on quality of service (QOS). How to make maximal use of the available bandwidth or, in
other words, how to get optimal QOS with the bandwidth available, is an urgent issue for both the
intermediate networks and end systems.

To address this issue, three techniques, namely, scalable video coding, network-aware adaptation of
end systems, and adaptive QOS supports from networks, have been developed [1]. The focus of these
three techniques is bandwidth fluctuation. The control target of end systems is to adjust the video
quality according to the fluctuation of bandwidth while keeping it at a relatively stable level at the
same time, which requires a scalable video encoding scheme. The control target of networks is to
decrease the fluctuation of bandwidth and provide QOS guarantee to applications.

Following scalable video encoding schemes, a raw video sequence is compressed into several
layers: one base layer, and several enhancement layers. The base layer, which can be independently
decoded, provides basic video quality. The enhancement layers can only be decoded together with the
base layer and they further refine the quality of the base layer. If the available bandwidth decreases,
some layers are dropped (of course the base layer will not be actively dropped since the other layers
can be decoded without it).

The adjustment of quality can only be performed by the end system with network-aware adaptation
[2]. As the name implies, this end system consists of two elements: network awareness and adaptation.
The former refers to having knowledge about the underlying networks status, especially the available
bandwidth; the latter is to adapt the video streams to this status. Existing network-awareness or
network-monitoring techniques can be classified by some criteria such as method of monitoring,
monitoring frequency and replication of information [1]. How to implement adaptation and the result
are decided by the methods of getting knowledge about current network status.



Transmission of the adapted video streams also requires the support of the networks. The networks
should provide differentiated QOS to different applications, even to different parts of the same
application, which are called adaptive services. Such services include the following functions: 1)
reserving a minimum bandwidth to meet the demand of the base layer, and 2) adapting the
enhancement layers to the available bandwidth. The DiffServ (DS) network proposed in 1998 by
IETF is such one in which services are leveled to meet different QOS requirements [3]. As one model
of the next generation Internet, the DS model will take the place of Best-Effort (BE) since the latter
only provides the same service to all applications.

A whole quality adaptive framework is the combination of the three components: the sender, the
networks and the receivers.

The topic of quality adaptation is proposed in the BE networks and becomes quite an active area.
However, the DS networks are now becoming the new developing trend, in which services are
provided on a per-class basis rather than per-flow. But different users that fall into the same level of
service still interact as in the BE networks, which means the same problems about network resources
still exist in the DS networks. So how to implement the quality adaptation in the DS networks is quite
a new but important problem that few researchers have focused on. The key issue is how to guarantee
the synchronization of the playback since the video stream is split into sub-streams, which are
separately transmitted with different bandwidths.

In this paper we propose an end system running in a video server to implement video quality
adaptation in the DS networks. In control theory, it is a system with feedback control. To achieve
these targets shown above, the receiver buffer occupancy is used as feedback information, which can
perfectly reflect the networks status and also represent the playback quality of video. Fuzzy logic
controller is used in the closed-loop, which has excellent characters in such complex, uncertain
system with time-varying delay. The system has four main advantages: 1) to be robust under the rapid
fluctuation of networks bandwidth, 2) to successfully solve the problem of time-varying delay in
performance, 3) to be popular in more networks because of its independency of the underlying
congestion control mechanisms, and 4) can be implemented easily.

The rest of this paper is organized as follows. In Section II we describe the conditions and problems
in a supposed environment we should face, and our scheme is introduced accordingly in Section III.
Then in Section IV we build a model of the quality adaptation system, and discuss the control
algorithm by outlining the key components. Based on the model and algorithm we try to do some
analysis in several aspects in Section V. Results of experiments are presented in Section VI. The
experiment results numerically show that our controller can ensure very smooth playback quality.
Finally Section VIl concludes this paper.

I1. QUALITY ADAPTATION PROBLEM SETTING

A video server providing pre-encoded stored streams to different clients is a typical multimedia
application, where the playback quality of video is a direct reflection of QOS provided by the
intermediate networks. An urgent target for the server is to adjust the quality requirements of video
according to the real-time network status since the resources are so stringent. Short-term improvement
and long-term smoothing of quality are the two tasks of quality adaptation for end systems. They can
be accomplished in two ways: congestion control and quality control. For video streams, congestion
control takes the form of rate control, which adapts the transmitting rate to the available bandwidth in
the networks, while quality control adapts the bit rate. A rate shaper is used to match the rate of a
pre-compressed video bit-stream to the target rate constraint (See Fig.1) [4,5].
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Fig.1. Conceptual model of video server

The key issue to short-term improvement is how to get the information about the networks status.
In fact it is difficult to directly get the bandwidth because it changes rapidly and unpredictably. Some
predictors and observers based on the models [6] or the probes [7] have been proposed, and many of
such kinds of information about the sender buffer [8], the receiver buffer [9] and even the play rate
[10] are used to suggest the networks status. These schemes are often dependent on the underlying
congestion control mechanisms because they need special data provided by them. Whether this
information about the networks status is precise will greatly affect the result of the adjustment.

Moreover, the perfect matching between the quality adjustment and changes of bandwidth will
induce another issue: the video quality changes frequently and rapidly with the fluctuation of
bandwidth, which will make the viewer feel uncomfortable. In fact, a video with medium but stable
quality is more acceptable [11]. So, long-term quality smoothing is needed to eliminate the effects of
bandwidth fluctuation. The receiver buffer is a better choice because it allows a “mismatch” between
the rates of transmission and consumption. When there is sufficient bandwidth, more frames can be
transmitted in advance and stored in the receiver buffer waiting for playback. If the bandwidth
becomes stringent, the player can consume the frames stored in the receiver buffer at first instead of
asking the server to decrease the quality of transmitting frame at once. Thus the quality of video can
be maintained at a quite stable level.

These problems come into being in the BE networks. While in the DS networks different levels of
services are provided with the different networks bandwidth. Assuming every packet has its priority
index which is decided based on the content [12], a classifier is needed to map the packets into classes
for different level of QOS based on the indexes. This function is helpful to implement service
adaptation performed in the networks. Packets with higher priority will be mapped into the class
provided with higher level of QOS. Of course packets belonging to base layer should be provided
with the highest level of QOS, while the highest enhancement layer with lowest level. Thus quality
adaptation should be separately provided for classes with different levels of QOS requirements. This
is called quality adaptation for classes, which seems more complex than in the BE networks. How to
credit the overall effect of quality adaptation, how to tackle the relations among adaptations for per
class and how to make tradeoff between them still remain open.

II1. OUR SCHEME ABOUT HOW TO IMPLEMENT QUALITY ADAPTATION

To address these issues shown above, we propose a new scheme to perform quality adaptation based
on the information of the receiver buffer occupancy in the DS networks because the occupancy
directly reflects the matching relation between the available bandwidth and the playback quality.
When there is sufficient bandwidth, the system will increase the video bit rate for better playback
quality; when the bandwidth is stringent, the system will reduce the bit rate to keep a basic playback



quality without disruption. If the system can properly adjust the bit rate in time, the receiver buffer
occupancy will be kept at a relatively stable level, which means the change of playback quality can
perfectly match the fluctuation of the bandwidth without resource wasting. Since the receiver buffer
occupancy is the control object, from the point of view on control theory the system has good
performance only if the control object promptly approaches the ideal reference without going beyond
the changing limitation. So we seperately set an upper and a lower threshold to limit the change of
receiver buffer occupancy, indeed the control target of the system is not only to keep the receiver
buffer change between the two thresholds but also to keep it approach the reference stablely. In actual
applications the playback will come to a pause if the receiver buffer occupancy is below the lower
threshold. And the buffer’s capability is bounded in wireless equipments and set-top boxes, so we also
set an upper threshold of the receiver buffer.

In our design, we use the receiver buffer occupancy, instead of the receiver buffer rate, which are
used in some previous works, as the control object. Here is our consideration. Such a system is a
typical uncertain one with large delay. The introduction of differential control component in a
traditional PID controller will introduce impetuous oscillations, which are not acceptable. In our
design, the receiver buffer occupancy is used as the P component. So, the receiver buffer rate, which
is the differential of the occupancy, plays the rule of D component. It is not accepted because of the
abandonment of the differential control component [17]. In fact, fuzzy controller is a switched PID
controller.

Summarily the receiver buffer occupancy is chosen for three reasons. Firstly, it can perfectly reflect
the actual playback quality at the client: if it doesn’t overflow or underflow, a continous and stable
playback is achieved with no data lost or shortage. Secondly, it can also be used to smooth the
playback quality. Thirdly, it can be precisely calculated at the server to reflect the bandwidth status.
So the system is built in form of closed-loop in control theory, and the receiver buffer occupancy is set
as the feedback. Thus we can achieve quality adaptation by controlling the receiver buffer occupancy.
With the control function the receiver buffer will approach the reference set in advance despite of
other disturbances.

To reflect the bandwidth provided for different classes, packets belonging to the same class can
share a division in sender/receiver buffers called as buffer share of the class. If each of the receiver
buffer share of class doesn’t underflow or overflow, the total receiver buffer doesn’t either. So, we can
divide the control target into sub-targets which are separately accomplished in the closed-loops for per
class. In our design, quality adaptation is achieved on a per-class basis, and the overall effect is an
accumulation of each subsystem under some conditions. The number of subsystems is K if there are
K levels of service provided in the DS networks and packets are mapped into K classes. The
physical model of our design is shown in Fig.2.

IV. MODEL OF THIS SYSTEM AND CONTROL ALGORITHM

Firstly we give an abstract model of this quality adaptation system in the form of block diagram(See
Fig.3). The receiver buffer observer estimates the receiver buffer occupancy at the server. This
information is set as feedback of the closed-loop in control theory. All variables in Fig.3 will be
explained later. Here is how the system works.

The trigger for the system to work is the threshold y of the sender buffer. When the occupancy of
the sender buffer falls below this threshold, the quality controller begins to work.
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Fig.2. Physical model of quality adaptation system

The video quality index Q is the output of controller, which is defined as the reduction of the
encoded rate from the ideal rate [13]. When O is bigger, more layers of the video stream will be
transmitted, and a better quality of video can be provided. That is Q is proportional to the encoded
bit rate R(¢z). Since in our design we assume 30 frames are played per second, which means the
encoded frame size is proportional to encoded bit rate, Q 1is proportional to encoded frame size. So
the system changes the size of frame i based on Q; to adjust the video quality. We simpifly the
curve of Q- f as a linear function, then get

fi=100,=1"30 0, (1)

where £° is the ideal size of frame i ,and f, is the modulated size. The group of index Q, are

1 1

reference quality indexes for parts of frame i belonging to different classes.

The modulated frame i is then sent into the classifier, in which it will be split into several packets
with some priority. These packets are mapped into different classes according to the ratio », and
their priorities. The mapping ratio r, is decided as r, =Q, (k =1,..,K). Thus in class &, the total

size of packets in frame i is f, =f"-r,.
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Fig.3. Block diagram of quality adaptations ystem
After this process, these packets begin to queue in the corresponding sender buffer shares. Each
new group of incoming packets increases Shcounter, the sender buffer counter, by one, since the
counter records the number of the frames sent into the sender buffer. The underlying congestion
control system gets packets from the sender buffer, then transmits them through the networks.
Different bandwidths are provided for packets belonging to different classes. The sender buffer is
thus used to match the bit rate and the transmission rate.

At last, these packets reach their corresponding receiver buffer shares at the client, then the
occupancies of the receiver buffer shares become Rb, (¢)(k =1....,K). After waiting in the receiver
buffer for some time, these video packets are disposed by the decoder and consumed for playback.



This will increase Rbcounter, the receiver buffer counter, by one, since this counter records the
number of frames being consumed for playback. The delay time comes into being due to the effect of
buffers and transmission in the networks. But the transmission delay is omitted since it is too small
compared with the buffer effect.

The variable ¢ is the sample time point. The control algorithm is implemented discretely. So
Bw(t) is an accumulation of the network bandwidth from (s+—1)to ¢, and Bw,(f) is such an
accumulation for class . So does Rb, (r) /Sb, (¢), the receiver/sender buffer share occupancy.

The blocks in Fig.3 will be outlined as follows.

A. Receiver Buffer Observer

The receiver buffer is the key to achieve quality adaptation, so the occupancy of the receiver buffer
Rb(¢) must be obtained in real-time as precisely as possible. But it is very difficult for the client to
directly report the receiver buffer occupancy to the server on time. However, the video server has the
knowledge about how many bytes of data are sent and how many are consumed for playback, thus we
can precisely calculate Rb(¢) in real-time based on the dynamic characters of the receiver and sender
buffers. Following this idea, we build observer to output occupancy of these receiver buffer shares for
class: Rb, (). At first, we give a mathematical description about the occupancy of sender buffer share
for class k:

fiu—Bwyt), If framei is put into sender buffer share kth at ¢.

S0 -5 =D = {—’Bw(t) else. 2)

And the mathematical description about the occupancy of the receiver buffer share for class & is

Bw()—f,, If framej is removed from sender buffe share ith at 7.
R’%(l)—R@f(l—lﬁ{ O . (3)
Bwy(1), else.
We add Eq.(2) and Eq.(3) together to get the receiver buffer share occupancy:
Rb (1) = Rb, (1 =7)+ Sb, (t =7) = Sb, () + [ = f s - (4)

If there is no frames put into the sender buffer, set f, =0; and if no frames consumed in the
receiver buffers, f, =0. Since we can get Sh (r) easily at the server, Rb (r) can be precisely
calculated by Eq.(4) in real-time. The bandwidth of networks Bw, (¢)is eliminated in Eq.(4), which
means the current bandwidth of the networks is not directly needed. Thus we can build the observers
to output the occupancy of these receiver buffer shares for classes.

In our design, the impact of packet loss on the receiver buffer observer can be ignored if the packet
loss ratio in networks is below some threshold [17].

B. Video Quality Controller (VQC)
It is the VQC that performs the control function of the system. So the VQC is the key component of
the system.

Simply saying, when the receiver buffer is far below the reference, the controller will output a
smaller quality index to correct the difference. On the contrary, the controller will output a bigger
quality index when the difference between the receiver buffer and the reference is big.

The control targets are achieved separately: keeping the receiver buffer share of classes from
underflow or overflow. Since every share does not overflow or underflow, the total receiver buffer
must have a reasonable occupancy.



Removing the impaction of the bandwidth fluctuation on the video quality demands the control
function be performed in a long-term observation of the buffer occupancy changes. So the
accumulation of the difference () ARb, ) is specified as the other input to the VQC as the supplement
of ARbD, .

Fuzzy logic controllers are used in this system because they have been found to excel than the
classical controller (such as the proportional-integral-differential (PID) controller) in the systems,
which are very complex, highly nonlinear and with parameter uncertainty that just accord with the
characters of our design. We may view a fuzzy logic controller as a real-time expert system that
employs fuzzy logic to analyze input to output performance.
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Fig.4. Architecture of VQC
As shown in Fig.4, the VQC is divided into two layers according to its logic function. Controllers
for per class construct the low layer. They outputs the index Q,(k=12,..,K) based on the receiver
buffer shares Rb, (r). The scheduler in high layer will do an accumulation of the group of O, . Then
the scheduler outputs the sum and a group of ratio r, . In summary, the control algorithm is shown in
Fig.5.

Control Algorithm
for k=1:K;
O, = g(ARD,)

e K
it ($0,<1) {0=00: #=0 (or k=1:K) }
k=1 k=1

else { 0=1; Vk:Z:%_kQ (for k=1:K);, }
1=1%1

end if

Fig.5. Control algorithm

In Fig.5, the function g(x) refers to the class controllers’ operation, which is designed with expert
experiences. We adjust the criteria of fuzzy logic controller to get ideal performance in advance. Then
the criteria are summarized as the experiences based on serials of experiments. For simplicity we
assume every class controller uses the same g(x).

C. Quality-Rate Function(QRF)

In Fig.4, the QRF block models Rate Adjustment and depicts the relationship between the video
quality and the bit rate. For simplicity, this research uses the ratio 0 between modulated and original
rate to represent video quality. Thus, for fine-grain Rate Adjustment technique, the QRF becomes a



time-varying ratio K or - Frame size f is the accumulation of bit rate, and can be calculated by
f =K, -0 with 0 and 1 as the saturation points of Q. To keep these subsystems independent, we
simplify the curve of Q- as a linear function. This means K ZR is a constant for frame i, but
K, and K/ may be different if i# j. The nonlinear effects can be removed by fuzzy controllers
in the VQC.

D. Transportation Delay

Modulation is implemented on frame i. While at that time the frame being consumed at the client is
Jj, not i, the difference between i and ; is the number of delayed frames: n(r), which is
time-varying, dependent on the dynamic performance of the sender and receiver buffers. We can
calculate n(r) with the method shown in Fig.6. So, itis f, = f,_,, that makes the occupancy of the
receiver buffer change with the disturbance of the network bandwidth Bw(z) .

Do while Rp, (1) =0
if sp )<y
Dispose the next frame and put it into sender buffers;
Sbcounter++;
End if
Sbcounter--;
Rbcounter++;
n(t)=(sbcounter-rbcounter)/30; /*1/30 second is the period of a frame lasting while playing*/
t=t+1;

next

Fig.6. Calculation process for numbers of delay frame I’Z(Z )

D. Special Situation For K =1
K =1 means the quality adaptation system works in the BE networks since there is only one level of
QOS provided. That is the simplest case of the control algorithm.

V. ANALYSIS OF THE CONTROL ALGORITHM

In this section we will analysis the relations between these closed-loops and that between our quality
adaptation control and the underlying congestion control. At last we explain the expert experiences
used to design the fuzzy logic rules.

A. Relation between these closed-loops for control

Following this algorithm, the overall control target is divided into a group of sub-targets. These
sub-targets can be separately achieved in closed-loops for per class, which requires no relations
among these loops.

fu s calculated based on two formulas: Q, = g(ARb,) and f; = -0, . We can only treat the
calculation as a black box where the nonlinear elements are beyond our control, thus f;, is decided
only by ARb, . Since there are no variables belonging to other loops affecting f;,, every loop for
class is independent to others. So a closed-loop of control for class has no impacts on other loops in
our design.



Of course we can get this independence only if some assumptions are made to simplify this
problem. At first we decompose the curve of Q- 7 into two parts: linear and nonlinear parts though
it is a typical nonlinear function in fact. The block of the QRF only refers to the linear part while the
nonlinear part is seen as disturbance to the system which can be removed by the VQC.

In addition, the linear part used in the QRF is not overall linear because of the physical meaning of
0,(0<Q, <1). 0 and 1 are both saturation points of Q- /. So we have to do some supplimentation to
the control algorithm when Zi; O, >1(shown in Fig.5). Unfortinately when the saturation point is
reached, the ratio r, can not be determined by the variables only belonging to the loop for class .
That means some relations exist among these closed-loops. But this situation (Y, O, >1) will happen
only when there is enough networks bandwidth provided for this frame’s transmission, and in fact it
does not happen so often because of the stringent networks bandwidth. So the work points of these
closed-loops are in the area of nonsaturation, which means we can consider the curve of Q- fas a
linear function and no relations exist among these closed-loops under usual conditions.

B. Relation between quality adaptation and underlying congestion control mechanisms

Some existing quality adaptation mechanisms have close relations with underlying congestion control
because they get the network status from the information provided by these control mechanisms.
Since there are so many different underlying congestion control mechanisms exiting in the networks
and new ones are just coming into being continuously, the dependence of a special mechanism will
make the quality adaptation unpopular in the networks which use other mechanisms. So the quality
adaptation nearly independent on the underlying congestion controls should be preferred to.

In our quality adaptation system, the networks status is obtained through the information of the
receiver buffer. With the group of ARb, as the parameters, the bit rate and the classification of the
video stream are determined. Then the modulated stream is sent into the sender buffer in the form of
packets. It is the responsibility of transportation protocols to perform the underlying congestion
control. The two mechanisms do not change any other information. The relations between them are
just that one sending data into the buffer and the other getting it out there for transportation. That
means our quality adaptation mechanism is independent of the underlying congestion control, which
makes our design more popular with no limitation of matching with some transportation protocols.

C. The Expierence of Fuzzy Control Rules Designing

Fuzzy rules are the soul of the controller, which are designed traditionally following the expert
experiences. Here our experiences used to design the rules for the class VQC is based on analysis of
the physical situations.

Since the number of consumed video frames is a constant during a fixed period (1 frame for 1/30
sec.) with no relation with its bit rate, the big bit rate will make the receiver buffer occupancy
decrease more rapidly, while the occupancy will increase if the consumed frame rate is smaller than
that of just arriving ones. In order to achieve the control target, which is keeping the receiver buffer
occupancy approach the reference, our experiences can be described as: output a bigger quality index
O which can be used to modulate a bigger frame rate when the actual occupancy is bigger than the
reference; on the contrary situation output a smaller Q. When the difference ARb is zero, O will
be kept unchanged. If the control rules make Q sensitive to the changes of ARb, the effect of
short-term improvement will be good; on the contrary a Q insensitive to ARb will achieve
long-term smoothing effect. So the criteria of designing fuzzy logic rules are to choose an appropriate
degree of sensitivity.



VI. EXPERIMENT AND SIMULATION RESULTS

We implement the quality adaptation system with Visual C++, and choose 300 Hz as the sample
frequency. The network environment is a DS network and four differentiated QOS levels are provided
(K =4). Fig. 7 shows the assumed available network bandwidth traces of different services, which
lasts 1 minute, for transmission of enhancement layers. In order to test the performance of our design
when it works under tough networks conditions, we set the bandwidth very stringent and exaggerate
the fluctuations intentionally. We set the bandwidth provided to class 4 larger than those of other
classes to give the comparison. In our experiments, the available bandwidths are viewed as the
server’s sending rate.
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Fig.7. The available bandwidth for differentiated services

In the experiments video foreman cif is used as test clip. The bandwidths shown in Fig.7 are
repeated, lasting about ten minutes. Some variables are initialized as: the receiver buffer reference
share for per class Rbr, = 0.5M Bytes (k =1,2,3,4), preloaded video streams’ size before transmission is
>l Rb,(0)=2M Bytes, and the threshold of the sender buffer occupancy is y=0.5M Bytes. In the
fuzzy logic controller for per class, five fuzzy sets are separately chosen for inputs and output, and
triangular memberships are set. The combination of 5 fuzzy sets of ARb, and 5 of ) ARb, yields
25 rules given based on experience of experts.

The result is given in Fig.8. At the beginning underflow happens for three receiver buffer shares
due to the low bandwidths, but about five minutes later they were adjusted to increase gradually.
Though they can’t approach the reference occupancy, they did not underflow any more provided with
the same stringent bandwidths as those at the beginning. While the share for class 4 approached
0.5M , the reference occupancy, because packets belonging to class 4 are provided with more
available bandwidth (see Fig.8 (b)-(e)).

Compared with the fluctuation of bandwidth (see Fig.7), a much more smooth video quality (see
Fig.8 (a)) is achieved five minutes later under the quality adaptation control algorithm. The degree of
fluctuation of video quality is dependent on the granularity of fuzzy sets classification. If more fuzzy
sets are chosen for inputs and output, the fluctuation of video will become smoother.

10



Video Quality

x 10 (b) k=1 x 10° () k=2

6 6
85 g5
3 g
sS4 S4
] )
53 £3
@ @
22 g2
[ @
3 S
&1 &1
0 0
0 5 10 15 0 5 10 15
Elapsed Time (Minutes) Elapsed Time (Minutes)

x10° (d) k=3 x 10 (©) k=4

Receiver Buffer (MBytes)
Receiver Buffer (MBytes)

6
5
4
3
2
1
0

o

0 5 10 15 5 10 15
Elapsed Time (Minutes) Elapsed Time (Minutes)

S}

Fig.8.(a) Video quality, (b) Receiver buffer share for class 1st, (c) Receiver buffer share for class 2nd,
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VII. CONCLUSION

In this paper we propose a system to implement quality adaptation in the DS networks. The control
theory is the guidance of the designing process, so we build a closed-loop model of the system, but it
is divided into several loops for different classes aiming at the characteristics of the DS networks. The
receiver buffer occupancy is observed to reflect the networks status in real-time. This information is
inputted into the VQC as the feedback. VQC, the key block of the loop, is built by using fuzzy logic
control technology, and it can perfectly solve the nonlinear and uncertainty problems of the system. It
can be proved efficient in the DS, even BE networks.

As an addition, the system can easily be used in multicast applications due to its simplicity. It can
be implemented as an agent in the multicast networks to implement quality adaptation.
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