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Abstract—Scheduling of multiple variable-bit-rate
(VBR) video packet streams at the server is one of
the most crucial issue in the design of a enterprise
video-on-demand (VoD) system. Scheduling is im-
portant to guarantee the requested QoS levels while
maximizing the utilization of the resources. But the
scheduling problem is difficult due to the inherent
varying resource requirements of the video streams.
Although much work on smoothing and scheduling
algorithms has been done, these previous techniques,
which usually require the knowledge of future frame
sizes and are of a high time complexity, are not suit-
able because in the video application environment
envisioned in our study, real-time response from the
server is required. In this paper, we propose and
evaluate four real-time approaches using real MPEG
data. Our results reveal that the proposed real-time
techniques introduce only a slight jitter effect on the
video display. Furthermore, time-division based al-
gorithms are superior to rate based ones.
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systems, QoS, real-time scheduling, smoothing, VBR
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I. INTRODUCTION

Recently, we have witnessed a spectacular growth
in the usage of media data, in particular, video data,
in various kinds of information systems [5], [15]. In-
deed, video-on-demand (VoD) applications are be-
coming core utilities in many enterprise intranets,
which are largely based on local area network (LAN)
environments. To support such applications, power-
ful servers and a high speed network are needed. Ad-
vances in architectural design and reduction in prices
have enabled symmetric multiprocessors (SMP) to be
commonly used in a cluster of workstations (COW)
environment [9] (see Figure 1). The symmetry in
shared memory access and the hardware enforced

cache coherency features are among the most attrac-
tive characteristics of an SMP server. These archi-
tectural features make an SMP server easy to pro-
gram and manage. Indeed, it is now very common
to use an SMP as a Web server. In view of the
powerful capabilities of an SMP, a broad range of
applications, including VoD applications, are under
development by our research group. In particular,
an important undertaking is to develop a real-time
VoD application, two major features of which are
real-time video frames delivery upon requests and si-
multaneous display of multiple clips on a single client
machine. These two features imply that a client ma-
chine does not have a large buffer and the server has
to employ an efficient real-time scheduling technique
to schedule video frames. Thus, any high complex-
ity packet transmission strategies are not suitable.
In this paper, we propose and evaluate four different
practical real-time scheduling techniques for such an
application environment.
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Fig. 1. The client-server environment environment considered
in this paper (a cluster of workstations and SMP servers).

One of the most crucial issues in the design of
a scheduling algorithm is the support of quality-of-
service (QoS) guarantees for real-time transport of
stored video over the underlying high speed network



[4], [7], [8], [10]- QoS is usually defined as a tuple
of several attributes, such as, delay and packet loss
[19]. For smooth continuous playback of video at the
client machine, strict compliance of QoS guarantee is
needed. On the other hand, from the resource uti-
lization point of view, it is desirable to support as
many simultaneous connections as possible. How-
ever, these two goals are conflicting. Taking into
account the complexity of the scheduling algorithm
makes the problem even more complex due to two
problem constraints—the video streams are encoded
in a constant quality variable-bit-rate (VBR) man-
ner, and the scheduler has only a very limited knowl-
edge about the characteristics of the encoded streams
(i.e., the sizes of frames to be sent in the near future).
A VBR encoded video stream is much more difficult
to be handled than a constant-bit-rate (CBR) one
from a resource allocation point of view but a CBR
video stream is of a varying display quality which is
not desirable. MPEG-2 encoded video streams are
the most popular examples of VBR video data. Al-
locating a fixed rate to such a stream is likely to
cause low utilization and/or high packet loss. Many
smoothing techniques have been proposed to tackle
this problem by rearranging data from one frame to
another using buffers [6], [11], [12], [13], [16], [17],
[20]. However, such techniques inevitably require
knowledge about the sizes of many frames ahead
of transmission (e.g., one or more group-of-pictures
(GOP) in MPEG-2). This is not possible in the ap-
plication environment considered in our study due to
the real-time retrieval and transmission requirement.

We propose four different real-time scheduling
techniques for the transport of VBR video data in an
SMP server. The first two algorithms, which employ
rate based approaches, work by dynamically adjust-
ing the offered transmission rate of the virtual cir-
cuits (VC). The two algorithms differ in the way of
adjusting the rates of the simultaneous connections.
The other two algorithms are designed based on the
time-division concept. Instead of partitioning the to-
tal bandwidth into several logical VCs, these two al-
gorithms allow a video request to use the entire band-
width (e.g., 155 Mbps) to transmit its frames but for
a limited amount of time. The next time slot will
be used by another request and so on. The sequenc-
ing decisions are derived by our enhanced earliest-
deadline-first (EDF) and rate-monotonic (RM) real-
time scheduling. Our theoretical analysis and exper-
iments using real MPEG encoded data reveal that,
contrary to our expectation, time-divison approaches
outperform rate based approaches in the small-scale
cluster environment we used (an SMP server con-
nected to twelve workstations).

This paper is organized as follows. The next sec-
tion provides the descriptions of the four proposed
techniques. We present the analytical performance
of the proposed approaches in Section III. Section IV
contains the results of our experiments. The last sec-
tion concludes the paper.

II. REAL-TIME APPROACHES FOR SCHEDULING
VBR VIDEO

In this section, we first briefly review the gen-
eral principles behind MPEG encoding and introduce
some notations. We then describe the four proposed
approaches.

A. MPEG Video Encoding Scheme

In an MPEG encode video stream, there are three
types of frames: intraframe coded frames (I frames),
predictive interframe coded frames (P frames), and
bidirectional interframe coded frames (B frames). An
I frame is coded independently in that the whole
frame undergoes 8 x 8 discrete cosine transform
(DCT) without referring to any other frames. The
DCT coefficients are then quantized and variable-
length coded. A P frame is coded based on a preced-
ing I frame using motion compensation techniques in
order to reduce the temporal redundancy. A B frame
is coded in a similar manner as a P frame but the
motion compensation is bidirectional (i.e., using two
T or P frames as references). Consequently, a B frame
is much smaller than an I frame (by about an order
of magnitude). A P frame is also smaller than an I
frame but larger than a B frame. In MPEG encoding,
a number of frames, typically 12 or 15, are grouped
together to form a repeating pattern—a group of pic-
tures (GOP). The structure of a GOP is fixed for a
particular sequence, for example, IBBPBBPBBPBB.
A GOP is characterized by two parameters: the num-
ber of frames, p, and the number of B frames between
two successive I or P frames, g. We denote the av-
erage sizes of I, P, and B frames as Sy, Sp, and S,
respectively. Note that although we do not know the
sizes of individual frame before retrieval, it is easy
to store the average frame sizes (as well as the GOP
structure) by the encoder. We assume the display
rate at a client machine is f frames per second. In-
duced by the sizes of buffers dynamically allocated
by the client video application (depending upon the
number of simultaneous connections), there is a dead-
line d; associated with every frame 3.

B. QoS Based Scheduling

In our study, we aim at studying the efficacy of two
orthogonal approaches—rate based and time-division
based—for video packet scheduling in a scalable video



data server in a LAN environment. As in most video
data transmission systems, the loss of certain amount
of data packets will only lead to degradation of the
display quality in the form of jitter (e.g., a frame ar-
rives late) or abrupt motion (e.g., some frames are
lost) rather than a catastrophe. Thus, such a system
is commonly referred to as a soft real-time environ-
ment. Specifically, we assume that during the con-
nection setup phase of a particular video request from
a client machine, the client informs the server the
level of tolerance of such degradation. In response to
the client’s request, the server executes an admission
control policy (i.e., a schedulability test) in order to
determine whether or not the client’s request can be
accommodated without degrading the current com-
mitments to the existing services. If schedulability
test is positive, then the server will start to sched-
ule the requested video; otherwise, the result is sent
back to the client and re-negotiation may need to be
done. We use the following definition of quality of
service (QoS) to quantify the client’s requirement of
the scheduling of a particular packet stream.
Definition 1: QoS is defined as the probability that
an arbitrary video frame meets its display deadline.
Thus, QoS can be interpreted as the expected per-
centage of frames that meet the transmission dead-
lines (induced by the display deadlines) at the server.
To meet the conflicting goals of high network uti-
lization and strict QoS guarantee, we employ a lossy
approach in our four proposed algorithms. Specifi-
cally, to maintain the display quality while ensuring
meeting delay requirement (to prevent buffer under-
flow), we selectively discard frames that are relatively
less important—the B frames. Certainly, if some B
frames are missing, some motions in the video se-
quence will be lost. However, as B frames are not
discarded successively but rather sparingly, we do
not expect a serious jitter effect in the display. We
do not discard data at the ATM cell level because
the “blocky” effect [13] is much more undesirable.
Furthermore, at the cell level, it is very difficult to
differentiate an I frame cell from and B frame cell.
The architecture of video presentation system at a
client machine is depicted in Figure 2. We assume
that the client has a display buffer of b bits. Thus,
after the buffer is full (e.g., before any frame is dis-
played after the initial connection setup), the maxi-
mum slack time §, during which the server does not
have to transmit any frame to the client, is given by:

b
0= 57

where S is the decoded frame size and f is the dis-
play rate. However, if the server fails to send any

frame to the client after this slack time is elapsed,
the client may experience some jitter effect on the
screen. The amount of jitter depends on the lateness
of the frames. In the following, we refer this lateness
to as the delay of the video frame.

display buffers (b bits)
incoming display rate = f
encoded frames

decoder — displayer

Fig. 2. The architecture of the video presentation system at
a client machine.

There are two orthogonal methods for multiplex-
ing a number of simultaneous transmissions onto the
outgoing trunk of the SMP server to the ATM net-
work: rate based approach and time-divison based
approach. In the former, each VC is assigned a dis-
tinct rate which may be changed dynamically. Mul-
tiple connections are being served concurrently in
this case. In the latter, there is no VC but each
connection is assigned a variable length time slot in
which the whole bandwidth can be used by the video
stream. That is essentially a time-division multiplex-
ing approach. The conceptual difference of the two
approaches is illustrated in Figure 3.
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Fig. 3. Two orthogonal schemes for scheduling video frames.

C. Rate Based Approaches

In rate based approaches, the rates allocated to
the VCs are dynamically adjusted. The initial rate
of a VC is determined as follows. Consider a long
sequence of L frames. Thus, the number of GOPs in
the sequence is L/p. Hence, the number of I frames
to transmit is also L/p. The number of P frames to
transmit is



The number of B frames to transmit is
pL
(- 2.

qp

The total number of bits to transmit is

L L 1
S~ +8p(X )2 4 SpL(1 - -).
p q p q

Thus, the expected average rate (initial rate) is given
by:

St Se,p 1
Ry f(p + p(q 1)+SB(1 q))

The two proposed rate based approaches employ
radically different strategies to adjust the rates. The
first algorithm is based on a demand oriented ap-
proach such that the rate of a stream, which has more
deadline missed, is decreased. The rationale is that
the stream transmitting significantly larger frames
than others is penalized. In the second algorithm,
we use a supply oriented approach in which the rate
of a stream with more deadline misses is increased.
This is done in order to provide higher bandwidth
to satisfy the temporary increase in frame sizes. Our
first proposed rate based scheduling algorithm, called
RBS1, is outlined below.

RBS1:
(1) FOR each video stream i:
set initial rate R’q;
(2) DO WHILE there are frames to transmit:
(3) FOR each video stream i:
(4) if current rate cannot support transmitting
the current frame:
(5) if it is an I or P frame, transmit it
(deadline may be missed);
(6) if it is an B frame, discard it;
(7) record the number of frames m; in each
stream ¢ that miss the deadlines;
(8) in descending order of m;, proportionately
decrease the rates;
(note that a stream with a smaller value of m
may get an increased rate)

The RBS1 algorithm only needs a linear time to
decide the new rate (the last step) and, thus, can
be executed in real-time for a moderate number of
requests (e.g., less than 25 connections as considered
in our study). The second rate based algorithm RBS2
differs from RBS1 only in the last step in which the
rate adjustment is done in ascending order of number
of deadline misses. Note that in both approaches,
admission control is easy to implement: just check
whether the total bit rate exceeds the bandwidth of
the network.

D. Time-Division Based Approaches

Our next two proposed approaches are based on
the time-division concept. In these two schemes, we

treat each video stream as a periodic request such
that the period T is just 1/f. This is depicted in
Figure 4. However, as mentioned earlier, if a frame of
a certain connection is scheduled to transmit, it can
use the whole bandwidth for the transmission. Thus,
the rate is constant but the service time is varying (a
larger frame needs longer time to transmit). For de-
ciding which particular stream to go first, we employ
our two previously developed real-time scheduling
techniques for scheduling CBR traffics, called QEDF
and QRM [18]. These two algorithms are enhanced
versions of the classical EDF and RM algorithms [14].
In the QEDF algorithm, the frame among all streams
that has the earliest deadline is scheduled to be trans-
mitted first. However, if such a frame is large (e.g., an
I frame), it may cause deadline misses in subsequent
waiting frames. Among all these potential deadline
missing frames, B frames are discarded. In the QRM
algorithm, the stream with the highest display rate
is selected to go first. Again, for potential deadline
missing frames, B frames are discarded. Since both
QEDF and QRM are relatively straightforward, they
can also be executed in real-time.

bits.

P frame

B frame

/]

constant

B frame
bit rate

/1

T (1/ display rate)

time

Fig. 4. Scheduling video frames using a periodic approach.

In QEDF and QRM scheduling, the scheduling de-
cisions are based on the display rates of the video
streams. In the following, we assume that there are
n video streams with display rates f; > fo > --- > f,
so that the periods are Ty < Ty < --- < T,. For EDF
scheduling, consider an arbitrary frame Fj; of the i-
th video stream. Note that the ready time of Fj; is
(j — )T; and deadline is j7;. The number of frames
whose deadlines are before jT; is given by:

L5

L Tk
Vk, ki

and the number of frames transmitted before (j—1)T;
is given by:
G-1T;
Ty

Thus, during the time period from (j — 1)T; to jT;,
the number of frames need to be transmitted:

2 m]-1=)

>

Yk, ki

>



Using the relation z > |z] > z — 1, the maximum
number of frames that can be transmitted is:

S8 o

Vk, ki

For RM scheduling, using similar arguments as
above, the number of frames to be transmitted be-
tween (j — 1)T; and j7T; is:

(51 27)

Again, using the relations z > |z| > z—1and z+1 >
[z] > x, the maximum number of frames that can be
transmitted is:

%+ z) ®

k<i

The admission control procedure of time-division
based approaches is more complex than that of the
rate based approaches. In the following admission
control algorithm, which checks whether a new video
request r can be admitted, we assume in the worst
case m frames are to be transmitted within one trans-
mission period (m is given by (1) and (2) for QEDF
and QRM, respectively). We use R to denote the
total bandwidth.

Admission Control:

tr, tp, tp: time required to transmit I, P,
and B frames of existing video streams
(1)tr=0,tp=0,tp =0

(2) FOR every existing video stream k
(3) tr=t;+S¥/R

(4) tp=tp+([m/q] —1)SE/R

(5) t=tp+(m—[m/q)SH/R

(6) T=tr+tp +tp

(7) if (T — 7 — S?/R+ 4 > 0) then video
z can be admitted

5
6
7

III. ANALYSIS

In this section, we analyze the performance of
the two orthogonal approaches. In the transmission
of video streams, the average slack time is a cru-
cial performance parameter because it indicates how
much extra capacity the scheduler is able to allow
for new video requests. We prove that the time-
division based approach is in general better than the
rate based approach.

Consider frame Fj;, the j-th frame of the i-th video
stream. The following notations are used in the anal-
ysis:

o S;j;: size of Fj;

o e;;: finish time of transmitting Fj;

o 13: ready time of Fj;, that is, max(e;—1,;, (j—1)/f)
] dij: deadline of .F,'j

e R;: transmission rate of video i
o Ajj =d;j — ey (i-e., the transmission slack time)

Definition 2: Given two packet scheduling algo-
rithms A and A’, we say that A outperform A’ if
A gives a larger value of ) A;;.

Theorem 1: Time-division based algorithms (QEDF

and QRM) outperform rate based algorithms (RBS1
and RBS2).
Proof: We prove the theorem by using mathematical
induction. First consider two video streams. Let Fj
and F» be two arbitrary frames from the two streams,
respectively. The first subscript is dropped for clarity.
Figure 5 depicts the two scheduling strategies. For
rate based approach, we have:

Ai+Ay = di—er+dy—er
S1 S
= di+dy— —— = 3
1+ a2 " R (3)
For time-division based approach, we have:
S S1 + S

A+ AL =d ds — — 4
12 L Ri+Ry ERi+R @

Without loss of generality, assume:
IR )
R~ Rs
Then, we have:

S1+8 _ (52 Si/S241) S
Ri+Ry ‘Ry "Ri/Ry+1"~ Ry

Thus, we have:
Al +AY > AL+ Ay

The basis case is true and let us make the following
induction assumption (for k > 2):

S Si+4---+S
dl +o-t dk - R1+..%+Rk - R1+~~~+R’; Z
R e

Consider the case where there are k+1 video streams.
We need to prove:

S1 L S1t-+Sk+1
Ri+-+Ri41 + + Ri+-+Ri41 <
814 g Skt
Ry + + Ry 41 (6)

Now, L.H.S. of (6):

mramn Tt mrara <
s, o4 Sitet Sy SitA Sk
Ri+--+Rpy + + Ri+---+Ry + Ri+ 4Ry (7)

By (5), the above expression is smaller than:

ﬁ_*_..._}_&_i_
2 Ry

S+ 4 Skt
Ri+-+ Ry



Thus, it remains to prove:

S14+ -+ Skt Sk+1
Ri+ -+ Rpy1 — Ry

Without loss of generality, we assume:

&<é<...<5"+1

R~ Ry~ = Rpp1

Thus, we have:

Si14+ -+ Skt _ Sk+1 51/5k+1+"'+1)
Ry +---+ Rpy1 Riy1” Ri/Rigp1 +---+1
< Sk (9)
Ry

The theorem is proved. (Q.E.D.)
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Fig. 5. (a) Rate based scheduling; (b) time-division based
scheduling.

IV. EXPERIMENTAL RESULTS

In this section, we present the preliminary results
of testing our implementations of the four algorithms
in our cluster environment. We used video sequences
in CCIR-601 format (720 x 486 pixels) which is about
1 MB per frame [1], [2]. The average peak rate of the
encoded sequences is about 15 Mbps. In our first
experiment, we tested the transmission of two video
streams on a 10 Mbps channel. The characteristics
of the two streams, called V; (a football clip) and V5
(a garden clip) are as follows:
ep=15and¢=3
o number of frames: 1000
o average frame sizes of Vq: I frame is 450 Kb, P
frame is 290 Kb, and B frame is 130 Kb
o average frame sizes of V5: I frame is 600 Kb, P
frame is 298 Kb, and B frame is 108 Kb
e QoS requested is 1.0 for both streams

Table I shows the average QoS achieved by using
the four approaches. The results concur with our
analysis in Section III in that the time-division based
approaches outperform the rate based approaches.

In order to investigate the practicality of the four
approaches in a real client-server environment, we
used a larger number of video streams. Since our
ATM network has a bandwidth of only 155 Mbps, 12
simultaneous requests from various client machines

TABLE 1
AVERAGE QOS RESULTS OF TRANSMITTING FOR THE TWO
VIDEO STREAMS.

buffer size (MB) RBSI RBS2 QEDF QRM
250 086 084 093 0094
275 088 0.8 095 0.96
300 090 087 096 0.96
325 092 08 097 097

can slightly overload the network if no discarding
is used. Thus, to evaluate the performance of the
four approaches, we performed experiments using 12,
15, and 20 streams. Obviously, client machine buffer
sizes are critical parameters. Based on our video ap-
plication environment, we used 2.5 MB, 2.75 MB, 3
MB, and 3.25 MB as the buffer sizes. Again, the QoS
requested by each stream is 1.

Figure 6 shows the results on average delay, which
is defined as the average amount of time a client ma-
chine experiences a buffer underflow (see Section II-
B). As expected, the delay decreases with the client
buffer sizes. The time-division approaches are clearly
superior to the rate based approaches. A plausible
reason is that in the rate based approaches, because
the rate is fixed and limited when a new frame is
retrieved, more delay is introduced due to the trans-
mission at a lower than enough rate. This will never
happen in a time-division based approach because
the full bandwidth can be utilized. From the re-
sults, we observe that all four approaches introduce
acceptable level of jitter effect (caused by buffer un-
derflow) because the delay is always smaller than the
frame period (about 40 msec). Furthermore, with in-
creasing number of streams, the delay only increases
slowly. This implies that all the four approaches are
quite robust.

In our next experiment, we used 20 video streams
and fixed the buffer size as 2.5 MB. To investigate the
QoS performance of the scheduling algorithms, we
varied the QoS requested by the clients. We tested
four scenarios in which the mean QoS of the 20 video
streams were 0.6, 0.7, 0.8, and 0.9. We measured
the actual QoS achieved for each video stream and
computed the average for each scenario. These re-
sults are shown in Figure 7. As can be seen, the rate
based approaches inherently do not take into account
the client’s requested QoS when making rates adjust-
ments. The requested QoS just serves as a lower
bound in determining the transmission rate. Thus,
the two rate based approaches gave rather constant
QoS. On the other hand, the two time-division based
approaches are more robust to the requested traffic
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Fig. 6. Delay performance of the four different real-time video
packet scheduling approaches with different client buffer
sizes.

load. This also explains why the time-division based
approaches can give smaller delays and hence much
less jitter effects. Indeed, when viewed with our de-
coding and presentation module, the delay and even
loss of frames were barely noticeable, even for video
with vigorous motion as in the football clip shown in
Figure 8.

V. CONCLUSIONS

In this paper, we consider the video packet schedul-
ing problem in a cluster of workstations environment.
As real-time response is needed from the server and
the buffer size of a client machine is limited, efficient
lossy techniques are called for. We propose four al-
gorithms, two of which designed based on rate based
approach, while the other two are enhanced classical
real-time scheduling algorithms. In our theoretical
analysis and experimental evaluation, we find that
the four algorithms introduce only a slight jitter ef-
fect on the video display. Furthermore, time-division
based approaches give better loss and delay perfor-
mance over rate based approaches. However, the
implementation of time-division based approaches is
more difficult. Another avenue of further research
is to investigate the effectiveness of the enhanced
scheduling schemes in a wide-area distributed VoD
system such as the one considered in [3].
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