∗

∗

Abstract

1 In tro duction

Ge or ge C. Polyzos

Image Bro wsing and Animation o v er a Lo cal

A TM T estb ed

polyzos@cs.ucsd.edu +1-619-534-3508 +1-619-534-7029

Computer Systems Lab oratory

Department of Computer Science and Engineering

University of California, San Diego

La Jolla, CA 92093-01 14, U.S.A.

This research is sp onsored by Digital Equipment Corp o-

ration, under Digital’s flagship research pro ject Sequoia 2000,

other Sequoia 2000 industrial and government partners, and

the UC MICRO program.

Email: , T el.: , F AX:

W e argue for a time-driven approach for interactive

multim edia comm unication applications. This is in

sharp contrast to the traditional data-driven style al-

most universally adopted. The time-driven approach

can take adv antage of the multiple comm unication

channels of v arious quality-of-service levels that will

b e supp orted by A

TM networks. Such applications

can rely on and take adv antage of forms of hierar-

chical co ding for handling real-time continuous me-

dia (e.g., video, image animations, audio, etc.) effec-

tively and efficiently

. In many such cases (e.g., image

database browsing), timely presentation is more im-

p ortant than lossless presentation. The use of hierar-

chical co ding by applications will allow the network

to intelligently discard traffic of lesser imp ortance to

the applications at times of high congestion, and will

thus allow networks to op erate at higher degrees of

statistical multiplexing without causing problems for

the integrity of the most imp ortant signal comp o-

nents. W e present some initial p erformance results

of a simple hierarchically enco ded image animation

in a lo cal A

TM environment, including some results

of the image quality when loss is exp erienced.

W e are investigating the use of hierarchical co ding

techniques for image and video comm unication over packet-switching networks. Using hierarchical co ding

techniques applications can take adv antage of statis-

tical multiplexing gains and thus enable networks to

supp ort the required quality of service, while achiev-

ing high utilization. Image database browsing can

also take adv antage of the reduced p erceived latency

of either progressive transmission or transmission of

only the most imp ortant signal comp onents.

Hierarchical co ding techniques split signals into com-

p onents of v arying imp ortance [4, 7]. The aggregation

of these comp onents reconstructs the original signal,

but subsets of the data can also provide v arious de-

grees of approximation to the original signal. Hier-

archical co ding is imp ortant for the efficient use of

high-sp eed packet-switching networks. The main is-

sue for such network architectures is the significant

congestion control problems that can arise due to the

statistical multiplexing of many very high burstiness

signals [1].

A key prop erty of any congestion control approach

not based on resource reserv ation at the p eak rate

of the sources is the ability to shed load quickly and

without causing an av alanche of retransmissions of

dropp ed traffic. With hierarchical co ding of continu-

ous media, when network congestion arises it is p os-

sible to drop the less imp ortant signal comp onents

without causing service interruption, and without the

need for retransmissions. Since it is exp ected that

continuous media will constitute the bulk of the net-

work traffic in the future, this technique can b e very

effective as a last resort for congestion control.

Hierarchical co ding can also play an imp ortant role at

the receiver b ecause it provides the system software

1

1

1

•

•

•

Se quoia 2000

2 Hierarc hically Co ded Con-

tin uous Media o v er A TM

3 The Application

The IP sp ecification includes a 3-bit PRECEDENCE field

in the TYPE-OF-SER

VICE byte, which can b e used to dis-

tinguish 8 priority levels. Even though most Internet hosts

and routers currently ignore this field, it has b een used in the

past to provide priority for some interactiv e applications on

the NSFNET backb one, and is again under consideration.

with the capability of allo cating resources based on

lo cal sp ecifications and priorities. Finally

, hierarchi-

cal co ding can also b e used to mask network latency

by displaying the most significant comp onents of an

image first; this might b e very useful for image brows-

ing where a user typically searches through many im-

ages quickly b efore concentrating on one, which is

insp ected in detail.

Image browsing, animation of scientific visualiza-

tion sequences, and video conferencing for scientific

collab oration are imp ortant applica-

tions [3, 6] that generate large amounts of traffic and

have stringent delay requirements.

The standard A

TM cell format incorp orates one bit

indicating the cell loss priority (CLP). Therefore,

a two level hierarchical co ding scheme can easily b e

implemented in the mainstream of the A

TM sp ecifi-

cation. However, there are no direct provisions for

a multilevel hierarchical co ding and traffic priority

scheme. Such a scheme might not b e necessary for

simple congestion control in a network of equal capac-

ity links, however, it might b e imp ortant for multicas-

ting to destinations reachable through a very diverse

capacity network [5]. F or multiple levels of priority

we are exploring the following alternatives(in combi-

nation with the CLP bit):

Using some bits from the (3-bit) payload typ e

(PT) field. In particular, there is one bit re-

served for future definition. Note that A TM

switches might use the PT field for differenti-

ating and switching preferentially some payload

typ es. However, we are interested in differenti-

ating among comp onents of the same medium,

e.g., video. Therefore, to use this approach we

need to define payload typ es based on the co d-

ing hierarchy . F or example, we can have high

and low resolution video payload typ es.

Setting up multiple virtual circuits for each in-

formation stream, for example, using separate virtual circuit identifiers (VCIs) for the high

and low resolution comp onents of a video sig-

nal. Priorities should then b e asso ciated with

the VCIs. In that case switches can control con-

gestion by selectively forwarding cells from sp e-

cific (high-priority) VCs. Note that this tech-

nique would significantly increase the workload

of a traditional switch (b ecause it would multi-

ply the numb er of VCs that the switch would

have to handle). However, this is not a signif-

icant problem in the A

TM context b ecause the

splitting of the (generic) virtual circuit identifier

into a virtual path identifier (VPI) and a VCI

allows for routing/switching to b e done at the

VPI level, if desired. This metho d would sup-

p ort practically unlimited levels of hierarchical

co ding. It has also the adv antage that receivers

that cannot use the higher quality signal do not

even have to receive it, receiving instead only the

VCIs they can use.

Using payload bits, invisible to standard

switches, but usable by higher layer proto cols

and sp ecialized switches, e.g., at p oints in the

path where link capacity drops abruptly .

T raditional image and video comm unications systems

are designed to b e data-driven, i.e., the system dis-

plays a frame at the moment it has received all data

p ertaining to this frame. Images and video frames

are typically segmented over multiple network pack-

ets even in non-A

TM environments b ecause of packet-

size constraints. Delay and loss in the network cause

jitter, i.e., result in irregular display rates. Reli-

able comm unication proto cols are typically used and

therefore loss results in further delay in order to suc-

cessfully re-transmit the lost data.

W e have develop ed a prototyp e interactive image

browsing and animation system which uses elemen-

tary hierarchical co ding techniques. The system de-

velop ed is time-driven, i.e., it displays an image at the

appropriate, predeter mined p oint in time, irresp ec-

tive of whether all related data have b een received.

Our assumption is that hierarchical co ding and sys-

tem design and tuning would assure that all data are

present most of the time, and the most imp ortant

data are present all of the time. This system illus-

trates the p otential b enefits of hierarchical enco ding

of images for browsing and animation across a net-

× i

n n

...x

x ...n

x

4 Exp erimen tal En vironmen t

3.1 The Animation Sequence

4.1 Systems and Net w orks

4.2 Animation and Throughput Ex-

p erimen ts

heel.s2k.berkeley.edu

/data/10/showcase
cs.ucsd.edu

/pub/csl/Papers/cs93-346-pict.ps.Z work in the face of delay and loss in the subnet.

The hierarchical co ding metho d selected for this ex-

p eriment is one of the simplest and more basic tech-

niques, known as bit-plane separation, where the -th

bits of the pixels in the frame are group ed together.

Thus, the 0-th bit-plane is the collection of the most

significant bit of each pixel in the frame. Each frame

has bit-planes where is the numb er of bits p er

pixel. Each packet in the 0 bit-planes is assigned

high priority

, and packets in the ( + 1) bit-planes

are set to low priority (where is a configurable pa-

rameter). Bit-planes are always sent from the most

significant bit-plane to least significant bit-plane.

The animation consists of two pro cesses . The first

pro cess is the enco der/sende r pro cess which sends

the video images in packetized form over the net-

work. The second pro cess is the displaying pro cess.

It receives packets and places them into a buffer ac-

cording to the appropriate bit-plane and offset in the

plane. Up on expiration of an interv al timer, the re-

ceived data is sent to the frame buffer for display .

Packets that arrive for a frame that has already b een

displayed are ignored.

In a related pro ject a third pro cess receives the pack-

ets sent from the enco der/se nder pro cess and simu-

lates loss or delay in a subnet, discarding some low

priority packets. High priority packets are never dis-

carded. W e decided to implement this pro cess that

simulates network congestion so that we can easily

generate congestion phenomena, and thus investigate

p erformance under v arious conditions and assump-

tions ab out the network/switching fabric.

The exp erimental video animation is a sequence of

550 550 8-bit color images displaying the estimated

net shortwave radiation over the Earth (pro duced us-

ing ISCCP C1 satellite data). This image sequence

was generated by mem b ers of Catherine Gautier’s

lab at UCSB and is av ailable (together with other

images and data contributed by Sequoia 2000 re-

searchers) on in the direc-

tory .

Each image (frame) is approximately 300 KB of data.

Images are b eing sent at regular interv als to pro-

duce an animation effect. Each frame is fragmented

into 264 packets, each containing 1224 bytes of data

and application layer header and 32 bytes of UDP/IP header.

Figure 1 shows one of the images in the sequence.

Figure 2 shows the same image co ded using the bit-

plane separation technique, with only the 5 most

significant bit-planes. Figure 3 shows the effect

of 50% random packet loss in the 3 least signifi-

cant bit-planes. Color versions of these images are

av ailable by anonymous ftp from as

.

W e exp erimented with a F ore Systems A

TM switch

and F ore Systems TCA-100 T urb o channel adapters.

The switch p orts and the adapters are based on the

100 Mb/s T

AXI chip-set. The device driver supp orts

the standard Berkeley so ckets interface, but there is

also an AAL interface, as well as direct access to the

native A

TM layer. The workstations used were two

DECStation 5000/200 workstations, running Ultrix

version 4.2A, comm unicating over the A

TM LAN.

The A

TM switch was generally lightly loaded and

exp eriments were p erformed during non-p eak hours.

Two exp eriments were p erformed. The primary ex-

p eriment intended to determine maxim um through-

put and acceptable loss of the hierarchically co ded

image animation (referred to as animation). The

secondary exp eriment was to determine maxim um

achiev able throughput at the application layer for the

animation exp eriment (referred to as throughput).

The animation sp eeds were based on (and should b e

compared to) the throughput results. In b oth cases,

throughput and loss statistics were collected. The ac-

ceptable loss v alue for the animation exp eriment was

derived (in a non-scientific way) by observing the an-

imation as it pro ceede d.

Both exp eriments consisted of a constant stream of

packetized video data sent from one system and re-

ceived and pro cesse d on the other system. The ex-

p eriments were virtually identical and differed only in

the following manner. In the animation exp eriment

received packets are reconstruct ed into frames and t

g

g

g t max. avg.

max. avg.

5 Exp erimen tal Results

A TM Maxim um Throughput

A TM Animation Statistics

T ransmission

Time (ms)

%

Packet Loss

Per F rame

F rame Packet (Mb/s) Loss

T ransmission

Time (ms)

%

Packet Loss

Per F rame

F rame Packet (Kb/s) Loss

515.590 1.950 5.08 0.0 0 0.0

343.728 1.300 7.65 0.0 0 0.0

257.796 0.975 10.15 0.0 0 0.0

249.744 0.946 10.34 2.05 24 5.5

234.168 0.887 9.93 13.4 85 35.5

   5191.070 19.529 511 0.0 0 0.0

   4671.575 17.576 568 0.0 0 0.0

   4152.077 15.623 638 0.2 2 0.4

   3632.579 13.670 713 2.4 11 6.2 displayed. In the throughput exp eriment, packets are

counted and discarded, yielding a much higher p os-

sible throughput, which is considered the maxim um

p ossible for the animation.

Both exp eriments sent groups of packets over the net-

work in a time-paced manner governed by the packet

send time, in a manner similar to the leaky bucket

algorithm. Packets were sent using UDP

. No error or

flow control were p erformed in order to maintain a

strict op en-lo op control, as prop osed in [5].

Exp eriments consisted of sending 100 or 200 frames,

which is 32 or 64 megabytes of data, resp ectively .

More sp ecifically

, each video frame was fragmented

into 264 packets. The packets were then sent in small

groups, p erio dically (based on an interv al of time, ).

The packet group size, , was generally small, 2 or

3, and an integral divisor of 264. A larger packet

group size was needed some cases due to the resolu-

tion of the interv al timer av ailable. The sender sent

packets and then waited for the timer to expire.

When the timer expired, the timer was reset and the

transmission of the next group of packets b egun im-

mediately

. This guarantees that packets will never

b e sent faster than packets p er time . However,

it do esn’t guarantee that packets are not sent slower

than this rate. In the exp eriments, the group size

and interv al were adjusted to increase the rate (thus

decreasing the frame time) to the p oint that packets

started to b e dropp ed. This rate would then b e the

limit of the network facility

, the host network inter-

face, or typically in this case, the application sp eed.

In this exp eriment, no explicit priorities were as-

signed, since the underlying networks do not have

adequate supp ort for priorities. However, there is

an implicit priority due to the order of transmission.

Bit-planes are sent in order from most significant to

least significant, therefore, more significant bit-planes

are more likely to arrive on time than less significant

bit-planes. This didn’t always prove to b e a b enefit.

Note that images are sent uncompressed, although,

this form of co ding could yield very high compres-

sion ratios in the higher priority bit-planes.

Our exp eriments led to the results shown in the fol-

lowing tables. Note that the maxim um throughput

rates reflect our sp ecific non-optimized applications.

The exp eriments were p erformed using solely application level pro cesse s and X-window display func-

tions av ailable to the user program. No kernel level

optimizations were made or were required. As dis-

cussed earlier, the maxim um throughput exp eriment

was simply the animation exp eriment without the im-

age pro cessing; as such, it was intended to b e an up-

p er b ound on p erformance of the animation exp eri-

ment and not necessarily for the hardware or system

itself.

(DECStation 5000/200)

(DECStation 5000/200)

F rom observ ations of the animations, the tolerance to

packet loss was determined to b e in the 2-3% range

(b efore it b ecame obvious and annoying). Simula-

tions of this animation yielded a higher tolerance of

loss. Those simulations consisted of three systems, a

sender, a receiver and a subnet simulator. The sub-

net simulator artificially injected loss into the stream

by not forwarding packets to the receiver. Packet loss

was simulated as random loss only in the low priority

comp onent of the video stream.

There main reason for the lower loss tolerance in this

exp eriment is that the network did not adequately

supp ort priorities. Even though the switch has two

internal queues and provides b etter service to applica-

tions that make Quality of Service demands (through

the AAL), the adapters did not supp ort priorities.

Since there was little traffic at the switch, the prior-

ity mechanism was not really exercised. In contrast,

the b ottleneck was at the adapter side, and the lack

6 Curren t and F uture W ork

7 Conclusions

Ac kno wledgm en ts

References

IEEE Network

IEEE Journal on Sele cte d Ar e as in

Communic ations

IEEE

Comp c on Spring ’92

IEEE Journal on Sele cte d Ar e as in Communic a-

tions

Network and Op er ating System

Supp ort for Digital Audio and Vide o of supp ort for priorities there had a significant impact

on p erformance. In this case the loss was not random

at all, but o ccurred in bursts, just after the receiver’s

buffer had overflown, typically

, in the same p oint in

the packet stream as data was b eing buffered while a

frame was b eing displayed.

W e are deploying a version of this system over the

Sequoia 2000 Network, a wide area network sup-

p orting b oth the TCP/UDP/IP proto col suite and

the UCB/T enet proto col suite, which provides p er-

formance guarantees [2]. This effort will provide us

with a networking environment that supp orts prior-

ities and p erformance guarantees and is also highly

utilized, and therefore, the prop osed techniques are

highly relev ant.

W e are also pursuing emulation and simulation based

studies of the p erformance of the animation under

v arious assumptions ab out traffic and congestion in

the subnet. Finally

, as discussed in [5] these tech-

niques are central in supp orting multicast interactive

continuous media applications. W e are developing

multip oint video conferencing applications exploiting

the multicast capabilities of the F ore A

TM switch.

Hierarchical co ding of continuous media can help rec-

oncile the great economic adv antages of statistical

multiplexing in high-sp eed packet-switching networks

with the complexity of controlling the congestion phe-

nomena that it pro duces. It promises to provide the

necessary freedom to design networks that provide

the needed quality of service for applications, without

reverting into tight control of all network resources.

In order to take full adv antage of the semantics of

image browsing, in addition to the necessary applica-

tion mo difications, it is imp ortant that the database

and the storage system is organized in a way that

individual media comp onents b e directly accessible.

In order to reduce latency for image browsing across

wide area packet-switching networks, the comp onents

of high visual imp ortance should b e transmitted first,

or as high-priority traffic. Dep ending on the applica-

tion and the p erformance and cost of comm unication,

lower imp ortance comp onents could b e transmitted later, or as lower priority traffic, or even not transmit-

ted at all. Op erating system and hardware supp ort

for video organized in layered formats is necess ary to

provide go o d presentation p erformance.

Interactive continuous media applications should b e

written using a time-driven rather than a data driven

mo del. This will b e a departure from the traditional

approach and will require dealing with error conceal-

ment to address p otential cell loss or excessive cell

delays. This is exactly where layered co ding tech-

niques, and more generally decomp osition of informa-

tion flows into hierarchically related prioritized com-

p onents, can provide the solution.

The author wishes to thank Catherine Gautier and

her asso ciates at UCSB for providing the animation

sequence and Kirk T aylor of UCSD for p erforming

the exp eriments.

[1] Sp ecial Issue on Congestion Control in A TM

Networks, , V ol. 6(5) (Septemb er

1992).

[2] D. F errari and D. C. V erma, “A Scheme for

Real-Time Channel Establishment in Wide-Area

Networks,”

, V ol. 8(3), pp. 368-379 (April

1990).

[3] D. F errari, J.C. Pasquale, and G.C. Polyzos,

“Network Issues for Sequoia 2000,” Pro c.

, San F rancisco, CA, F ebru-

ary 24-28, 1992.

[4] G. Karlsson and M. V etterli, “Packet Video and

Its Integration into the Network Architecture ,”

, V ol. 7(5), pp. 739-751 (June 1989).

[5] J.C. Pasquale, G.C. Polyzos, E.W. Anderson,

and V.P

. Komp ella, “The Multimedia Multi-

cast Channel,”

, Lecture

Notes in Computer Science #712, Springer-

V erlag, pp. 197-208, 1992.

×

4th IEEE COMSOC International Work-

shop on Multime dia Communic ations (MUL TI-

MEDIA ’92)

heel.s2k.berkeley.edu /data/10/showcase
cs.ucsd.edu

/pub/csl/Papers/cs93-346-pict.ps.Z

[6] G.C. Polyzos, “Networking for Sequoia 2000,”

Pro c.

, Monterey

, CA, April 1-4, 1992.

[7] G.C. Polyzos, “Hierarchical Co ding of Images

and Continuous Media for T ransmission over

Packet-Switching Networks,” T echnical Rep ort

CS93-273, Dept. of Computer Science and Engi-

neering, University of California, San Diego, La

Jolla, CA, January 1993.

[8] K. T aylor and G.C. Polyzos, “Performance Mea-

surements of a Simple Hierarchically Co ded Im-

age Animation over V arious Network T estb eds,”

T echnical Rep ort CS93-346, Dept. of Computer

Science and Engineering, University of Califor-

nia, San Diego, La Jolla, CA, Decemb er 1993.

(Also av ailable as Sequoia 2000 T echnical Re-

p ort 93/39, U. C. Berkeley .)

Figure 1: One of the 550 550 8-bit color images in

the animation sequence. This sequence was pro duced

from satellite data by mem b ers of Catherine Gautier’s

lab at UCSB (av ailable through anonymous ftp from

in the

directory).

Figure 2: The same image using only the five most

significant bit-planes. Color versions of these images

are av ailable by anonymous ftp from as

.

Figure 3: The same image with 50% random loss in

the three least significant bit-planes.