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ABSTRACT

Due to the burstiness, scheduling VBR streams and yet achieving
high resources utilization on a clustered video server has been con-
sidered a difficult problem. In this paper, we propose a simple
but effective VBR scheduling algorithm for generating conflict-free
network transmission schedules on clustered VoD systems. Ex-
perimental results show that this novel scheduling algorithm can
achieve near 100% network utilization with a negligible block miss
rate.

1. INTRODUCTION

The motivation of developing efficient scheduling algorithms for
delivering Variable-Bit-Rate (VBR) encoded video streams is that
given the same perceived video quality, Constant-Bit-Rate (CBR)
encoding produces a data rate significantly higher than the aver-
age rate of the corresponding VBR encoding for action movies [2].
Therefore, scheduling algorithms for VBR encoded video that achieve
near 100 percent link bandwidth utilization, while keeping losses at
a negligible level, can allow for significantly more video connec-
tions than CBR-encoded video. However, it has been observed by
several researchers [4, 3] that compressed VBR video traffic, such
as MPEG, typically exhibits burstiness over multiple time scales.
Such an unpredictable burstiness complicates the design of efficient
real-time mechanisms capable of achieving high resource utiliza-
tion.

To address this problem, techniques for reducing rate variabil-
ity and hence increasing the efficiency of VBR video delivery are
intensively studied in many research works [8, 4, 6]. Among these
techniques, in this paper we are only interested in the one termed
smoothing byprefetching(or work-aheadin [8]) where the under-
utilized bandwidth during transmission of low-rate portions is uti-
lized to prefetch high-rate portions. Given a VBR video stream, it
can be partitioned into a sequence of Constant-Time-Length (CTL)
video blocks. According to its rate variability, each video block
may have different length. Then, the smoothing effect can be per-
formed in a manner of prefetching lengthy video blocks as soon
as possible. In this paper, we adaptively applyLeast-Laxity-First
(LLF) policy to select video blocks for delivery, in which longer
video blocks have the tendency to possess higher scheduling prior-
ities.

In addition to smoothing VBR streams for reducing rate vari-
ability, a stream scheduling algorithm must solve the network con-
flict problem. In this paper, we propose a simple but effective
greedy approach to generate a schedule which guarantees no con-
flict for interconnection network transmission.
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Figure 1: Diagram of a Clustered Server.

2. OVERVIEW OF SYSTEM ARCHITECTURE

The prototype of our clustered video server,Odyssey[5], is a cluster
of PCs connected by a Fast Ethernet switch, as shown in Figure 1.
There are three kinds of nodes in Odyssey which arestorage node,
delivery nodeand control node. The storage nodeis responsible
for storing video data, retrieving requested data blocks and send-
ing them to delivery nodes. In addition, partitioned video blocks
are wide striped among storage nodes in a round-robin fashion to
balance the workload. Each storage node deals with its own disk
scheduling algorithm to provide enough bandwidth. In Odyssey, the
SCAN algorithm is used for disk scheduling. A ping-pong buffer
for each stream is applied to decouple system modules of disk ac-
cess and network transmission so that they can be considered sep-
arately. Thedelivery nodeis responsible for taking requests from
clients then forwarding them to the control node. Video blocks from
storage nodes are buffered in delivery nodes, where they are re-
sequenced if necessary, and then sent to clients. Thecontrol node
provides the functionality of admission control, stream scheduling
and server-level synchronization. Odyssey also employs aflat ar-
chitecture where a logical storage node and a logical delivery node
are mapped to a single physical node, calledprocessing node.

3. VBR STREAM SCHEDULING

3.1. Stream Partition

Given a VBR stream with the frame rateBaseRate, it can be par-
titioned as a sequence of CTL video blocks consisting of a fixed
number of framesf . Therefore, the cycle time is defined astc =
f=BaseRate. Each block is then further fragmented as a number
of fixed size subblocks. To increase the efficiency of data transmis-
sion, the size of a subblock,s, is specified as a multiple of the size of
a packet. In practice, the optimal value ofs for sustaining high net-
work utilization can be measured from experiments. Given a video
block with the size ofBlkSize, it is fragmented asdBlkSize=se



subblocks. Also, assume that the network bandwidth isNetbw,
then the time for transmitting a subblock ists = s=Netbw.

3.2. Block Scheduling

To ensure (Quality-of-Service) QoS, video blocks must be received
in time to guarantee continuous display. In general, a deadline is as-
sociated with a requested video block to express the urgency of de-
livery. A video block with the shortest deadline should be selected
to be retrieved and transmitted first in order to meet its real time
constraint. This is the algorithm so calledEarliest-Deadline-First
(EDF). This algorithm works fine in video servers with Constant-
Data-Length (CDL) data partition. However, in video servers with
CTL data partition where the size of a video block in a video stream
is varied form time to time, a deadline cannot truly expresses the ur-
gency of a block. The length of a video block now has to be taken
into consideration in computing its deadline. Here, a term called
laxity is used to express the urgency of a video block. Suppose a
video block currently containsk subblocks and its deadline isd,
then the laxity at the current time,CurT ime, for the video block
is computed as,

Laxity = d� CurT ime� k � ts

Figure 2 shows laxities for different sizes of video blocks. The
laxity explicitly specifies that how much longer a video block can be
delayed to be transmitted without violating its real time constraint.
A negative value of laxity indicates that the video block has missed
the deadline to transmit.
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Figure 2: laxities for different sizes of video blocks

To select a subblock among requested video blocks to sched-
ule, Least-Laxity-First (LLF)policy is applied. For example, in
Figure 2, even thoughb2 has the latest deadline, due to its longer
length, it has the least laxity. Therefore, it will be scheduled first.

3.3. Generating Conflict-Free Schedules

To multiplex data transmission, a time cycle is partitioned asm
time slots, wherem = btc=tsc. Assume that a clustered video
server hasN processing nodes, then a schedule of network trans-
mission for one time cycle can be specified as aN � m matrix.
The rows and columns in the schedule represents destined deliv-
ery nodes and time slots of requests, respectively. Each entry in the
schedule consists of the information of request id, subblock number
and storage node number. Different from stand alone video servers,
the network transmission in clustered video servers must eliminate
input and output port contentions to guarantee video blocks to be
delivered in time. That is, two requirements have to be complied
when generating a conflict-free schedule, which are at each time
slot no two requests retrieve video blocks from the same storage

node and no two storage nodes transmit video blocks to the same
delivery node.

To schedule a time slot, first, the subblock with the least laxity
is selected from current requested video blocks. Then, the subblock
with the least laxity in a different delivery node and a different stor-
age node is selected. If such a subblock cannot be found in video
blocks of the current time cycle, then we look at video blocks of the
following time cycle until one is found. This process is repeated
until a time slot is filled. In order to limit the searching depth for
selecting a subblock, ascheduling windowmaterialized as a set of
priority queues with sizew is applied. Thisw explicitly specifies
the number of video blocks for a request can participate in the se-
lection of subblocks. After a time slot is scheduled, the current time
and laxities of video blocks in the scheduling window are updated
before scheduling the next time slot. Furthermore, in case an ap-
propriate subblock cannot be found in the scheduling window, the
corresponding entry of the time slot in the schedule, termedsub-
slot, therefore, is left unscheduled. Figure 3 shows an example of
selection of subblocks for a time slot withN = 3.

Laxity updating

Assume thatLaxityold andLaxitynew represents laxities of a video
block before and after a time slot has been scheduled. Then, updat-
ing the laxity of a video block can be considered in two folds. First,
if one of subblocks in a video block has been scheduled, then the
laxity of the video block is kept the same without updating, i,e,
Laxitynew = Laxityold. On the other hand, for updating the lax-
ity of a video block with no subblock scheduled, two situations need
to be considered. If its laxity is not equal to zero, then the laxity
should be shorten by a time slot, i.e.,Laxitynew = Laxityold�ts;
Or, if its laxity equals to zero, i.e., it becomes negative after updat-
ing, then a subblock is dropped and the laxity of the video block
again is set to be zero. After updating, if no more subblock in a
video block is left for scheduling, the next video block correspond-
ing to that request is added to the scheduling window.

Selecting a victim subblock to drop

When a video block misses its deadline, a victim subblock in the
block has to be dropped. In order to keep the best possible service,
we should select the one which has the least impact on the quality
of video. That is, the data layout of a video block has to be taken
into consideration. Dropping subblocks is similar to rate reduction
in scalable video servers where the data containing fundamental
information of a video block is always stored at the front portion
and transmitted first. For example, a video block can be partitioned
into a low resolutioncomponent and ahigh resolutioncomponent
which are resided at the front portion and the back portion of a video
block, respectively. Such a data partitioning in a transform block
can be done by dividing frequency domain coefficients between
the two components similar to the approach proposed in [9]. The
other approach is to layout a video block by grouping frames with
the same dependency to support different rates for MPEG video
streams [1]. For example, assume a video block contains a stan-
dardGOP pattern ofIB1B2P1B3B4P2B5B6P3B7B8P4B9B10.
By grouping frames with the same dependency, the storage layout
becomesIP1P2P3P4B1B2B3B4B5B6B7B8B9B10.

Both data layouts imply that the selection of a victim subblock
should start fromthe last onesuch that the best possible quality
presentation can be achieved. This approach is applied in the paper.
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Figure 3: The selection of subblocks for a time slot withN = 3

4. PERFORMANCE EVALUATION

4.1. Traces and Data Partition

To create a fair testing data set in our simulation, we use four sep-
arate MPEG traces which give the number of bits in each frame
from University of Wuerzgurb [7]. These traces are namedLambs,
Mr.Bean, SimpsonsandTalkwith the order of peak/mean rate from
high to low. Each of the video clips was compressed with the GOP
pattern IBBPBBPBBPBB at a frame rate of 24 f/s. There are 40000
frames in each trace, corresponding to about 28 minutes. The traces
obtained were of fairly low bit rate. To simulate MPEG-1 streams,
they were magnified to 1.375 Mbits/sec based their average bit rates
while relative weights and burstiness of the frames are still pre-
served. These traces are then partitioned as a sequence of video
blocks, each of that contains two GOPs (24 frames) which repre-
sents one second display time. With 40000 frames, each trace is
partitioned asb40000=24c = 1666 blocks. Figure 4 shows the
block size trace ofLambs.
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Figure 4: Block size trace ofLambs.

The simulated network environment is Fast Ethernet with TCP
whose MTU is known as 1500 bytes. In TCP, if excluding the first
40 bytes for the protocol header, only 1460 bytes left in a packet
are available for data transmission. Since Our preliminary mea-
surement from a Fast Ethernet switch shows that the optimal size
of a subblock is between 2 to 16 packets, without losing generality,
in the experiment each subblock contains only 4 packets. That is,
s = 4 � 1460 = 5840 bytes. The statistics of those MPEG block
size traces in terms of the number of subblocks are shown in Ta-
ble 1. We note that after the partition, the average bit rate of these
video streams is increased from 1.375 Mbits/sec to 1.397 Mbits/sec
due to the internal fragmentation.

Table 1: The Statistics of MPEG Block Size Traces

Trace Average Max Min Peak/Mean
Lambs 31.359 146 10 4.656

Mr. Bean 31.349 122 9 3.892
Simpsons 31.356 102 5 3.252

Talk 31.359 81 15 2.582

4.2. Experimental Results

The set up of the simulation is described as follows. Without los-
ing generality, we assume that the sustained link bandwidth for Fast
Etherent is 80 Mbits/sec. Then each link can statistically deliver up
to b80=1:397c = 57 MPEG-1 video streams. In the simulation, 57
requests are assumed to arrive in each delivery node simultaneously.
Each request randomly picks one of those four movies. The start-
ing block number and storage node number are independent and
uniform distributed over [0,1665] and [0,N-1], respectively. Each
request is mandatory to watch the full length of a movie regard-
less of where a movie being started. If a starting block number
for a request isk, then the last requested block number shall be
(k + 1665) mod 1666. After the 1666th video block is scheduled,
the next requested block is wrapped around to the first block of the
movie.

The schedulability of the algorithm can be measured in terms
of miss ratewhich is calculated as the total number of missed sub-
blocks divided by the total number of subblocks requested by57N
clients. During the simulation, no flow control is applied so that
infinite buffer space in a client is assumed.

Figure 5 shows the impact of various sizes of scheduling win-
dow on miss rate overN with no pre-buffering (p = 0). As it
shown, miss rates drop dramatically after increasingw from 1 to 2.
Miss rates are not significantly improved whenw is greater than 2.

Figure 6 shows the network utilization overN with p = 0.
During the simulation, the total number of unscheduled subslots
is recorded asns. Then, the network utilization be calculated as,
1 � ns=(N � m � 1666). The resultant curve shows near 100%
network utilization overN .

Pre-buffering video data before actual playback may further re-
duce miss rate. With pre-buffering video data ofp time cycles, the
laxity of a subsequent video block can be relaxed toLaxity+p�tc.
Figure 7 shows miss rate over various length of pre-buffering time



Table 2: The distribution of dropped subblocks per late block withN = 4.

Dropped Subblocks 1 2 3 4 5 6 7 8 9 10
Total Percenatage 33.7% 31.8% 19.3% 9.6% 2.7% 0.1% 0.6 % 0.5 % 0.7% 1.0%
Accum. Percentage 33.7% 65.5% 84.8% 94.4% 97.1% 97.2% 97.8% 98.3% 99.0% 100%
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cycles withN = 4. As it shown, the miss rate drops significantly
with pre-buffering one and two time cycles. With pre-buffering
video blocks of 6 time cycles, no subblock misses its deadline.
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Figure 7: Miss rate over various length of pre-buffering time
cycles withN = 4.

Table 2 shows the distribution of dropped subblocks per late
block withN = 4. As it shown, about 65.5% of late video blocks
drop one or two subblocks, and also less than 3% of them drop 5
or more subblocks. Most of victim subblocks contain only high
resolution component orB frames so that the perception of video
quality is expected not to be significantly affected.

5. CONCLUSION

The experimental results show the superior schedulability of the
proposed scheduling algorithm for VBR streams on clustered VoD
systems in terms of high network utilization and low miss rate.
The distribution of dropped subblocks further implies the negligi-
ble degradation on the video presentation. With a small amount of
pre-buffering, block miss can be entirely eliminated.
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