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Ahsiract

We describe & portable and robust software mech-
anism for adapiive frame rate conirol for real time
packst video transfer and viewing in workstation
environments, No apecial hardware or systeam support
g sssumeed, Chor contributions melude (1) & responsive
feedback system for dynamic preseniadion layer rate
control in response fo network bad, (2) a simple
and effective transport layer flow control scheme built
upon an unrelable network protocol, and (3) data
structures and scheduling support for mtegrating the
rate and flow control mechanisms. We demonstrate
that excellent jitter control & achieved by gracefully
trading image resolution, and loss rates can be drasti-
cally reduced by -:nppmpn-:nt-: flow control

Kaywords: Packet video, adaptive compression,
1 Introduction

Motion video transmission for real time viewing
over packet switched retworks is an cstablished area of
mulimnedia research [4], with adiractire applications
such a8 video comferemcing and picture telephony.
lowever, it has performance requirements on frans-
mission delay, jitéer, loss, avallable bandwidih and
process scheduling priority that corventional networks
and operafing systems have, until recently, been un-
able to provide with goarantes, This results in at
legat. two problems for a packet video application.
First, maintaining a smooth frame rate under variable
netwark conditions becomes a considerable challange.
Inahility to detect and adapt t0 a constantly changing
environment leads to jittery frame rades, Second, the
nature of packet video transrission reqoires careful
flow control techmiques, Flow comtrol schemes that
are too comservative under-utibize network resources
while transrissions that are too aggressive kad to
high packet bosses

Recently, the Tenet group af DBerkeley ]'m:r'-:: £x-
plored specialized neiwork profocols and oper f

gystem support for such real fime apphcahum [&
It mighi be argued that the ncreasing bandwidih
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brought about by advances of network technology,

with better operating system and nefwork
software support will obviate the nesd for applications
that adjust to varying network availlability, Mowever,
guch optimism may mot be completely justified,

e Cusrantesing part of ashared resouwrce encourages
underutilizatson.,  Adaptive applications, om E}c
other hand, can modify their behavior o fully
take advantage of the existing resources. As the
available bandwidth increases, there will be larger
numnber of weers and more demanding applications,
hence the need for adapiive applications i likely
to remain and such "miedbigent” applications are
better equipped to fully wiilize the resowrces.

¢ Whils real time network and operatimg system
support is likely to deliver more strict guarantees,
it also comes at a considerable cost. Complicated
changes will have t0 be made to operating systems
on all particdpating machines {nchoding routers).
Forthermore, apphcations that rum in such apacial-
ired environments miay ot mon af all, or run poorly,
in less howpitable environments, An adaptive appli-
cation, on the other hand, can deliver satisfactory
performance in most cases without apecial support.
It & thus more portabb.

In this paper we explore our implementation of
high quality packet video. We contribute a suecessful
end-to-emd software solution entively at wser Jewel,
using the following techniques,

» Tb achieve a smooth frame rate at the presentation
lagrer, we introduce the wotion of leed fnes, which
are wsed to dynamically adjust the compression
factor according to the network load.

+ By making the sender a slave of the receiver,

we Inplanent & transport layer flow condrol that
reduces packet loes while maximizing throughput.

¢ To integrate the rate and flow conirol mechanisms
above, we buld data struckures and scheduling
support for unreliable transmission and resrdered
packeta.

The software solution enables rapid prototyping
and evaluation of many derﬂgks choices using aetual
images, machines and netw u:nlike off-line aim-
ulations of coders and networks as in much of the
literatore.

In §2 we miroduce the compression sclems and
ghow, weing both analysis and empirical evidence,
that bandwidth requoirement can be controlled in a

fir the {994 [EEE International Conference on Multimedia Computing and Systems, Boston.



]

Framma

Comprsaa

an [~
paM B i

Hetwoirk

Display
. Buf Par

CeCoMpTESS

Figure 1: The basic modules for compression, transfer and decompression

predictable way using one threshold parameter. § de-
gcribes the design of the feedback control system, ex-
phoring the mechaniame for rate and fow condral, and
describing the integrated soffware design. §4 describes
the performance of our protoiype, Extensions and
fotare work are suggested in §5. Concluding remarks
are made m §6

2 Compression Mechanism

Olur compression acheme s described in this section.
We make estimates of the compression factor and
introduce the notion of a bod hme, which & central
ta our adaptation scheme describeed later om.

Sending uneompressed motion video at reasonalble
Fize and Eam-: rate puts a heavy burden on the net-
work. A large number of signal processing algorithmes
[B] are known for encoding a video Image mio fewes
bits, reducing the spofial redundancy and hence band-
width requirenrent. The spatial redundancy arises oot
of the fact that for most common images, surfaces and
light sources are piecewise contimuous. In the case
of motion vides, there 15 also femporel redundency
— frames close together in time are often highly
correlated.
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Figure 2: DExperimental data from a typical image
i\tnnthlli shows close agreemient with the anakbysis
OF & BY ic Gasssian noise Image, The cure
fitted is Z{0) = a3 {0? + 83) + a3, where (7 s the
bandwidih requirement per frame when the value of
the threshold is & @4, @1 and Gz are curve fitting
parameters explained i the text.

&7

2.1 Quadires Encoding

For our purpaoes we wee guodires cotdpressdot,
a lossy epatial compression scheme, Consider, for
einplicity an n x n blek of pivels on a grey-level
image, where a picel & & numeric value representing
brightness, Divide the square into four § x § squares,
and compute the som 55y, S1g, S91, Fag of the pizels
in each of the four squares. Compute their average
g= {-5'" + S + 91 + Sn}.i'l"c- If for all i, 7 = { LE}.
|3— r L:-:: i, where @ is a prescribed threshold, then
the whole n x n block & represented by the average
ixel value, 45 /nt, K m:rt e IeCursive the
Elgﬂrllhm on lllllhc: four 5 = i Equamsh fﬁ]i'h
subdivision of the image space 5 logically a quadtres
structurs

Quadires encoding is not new [[], but the criterion
for subdividing a block is ofien based on the vadance
of all potel values i the block, We uee a different
criterion for two nportant reasons. [Piest, the effect
of & on the bandwidth requiremend & well understood
in our method (as we shall see i the mext ssction),
This enables wa to build the control protocal more
systematically. Second, only infeger addition and shift
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Figure }: F{0] has been plotted against 0 al various
fixed metwork Joad conditions, generating a famaly of
curves, each called a load hne. “Network load™ ia im
absiract units — it is not necessary for calibrating
the eontral mechanism. 0 8 also in arbitrary but
gignificant unite. The experiments were performed on
a cluster of DEC 5000°% on a 10 Mbits/s Dthernet.
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Figure 4; The adaptive threshold sclection mechanism. Figure A shows how a stable operating pomt 1s arrived
at under fixed network load, Tigurs B shows how the system reacts to a sudden increass in network load: the
framee rate drops suddenly and the feedback control adjusts the threshold from 854 to Opew . Sudden reduction in

network load is reacted to analogously

are needed i our method, which are fast single cycle
operations on most modermn RISC microprocessors, In
contrast, mteger multiplication takes 11 cycles and
divigion takes 16 cyeles on & DEC 5ME,/ 13 with &
& Mz MIPS R3000 microprocessor

2.2 Adaptation

The thesie of our work is thai compromising res-
olution in a controlled way s a supenor alterna-
tive to suffering jittery frame rates, losmg packets
andfor ekipping frames. In the quadtree encoder
just described, the threshold 35 & means o decde
what bandwidil an image needs for transmission. To
motivate this, consider a {aynthetic] Gapssian nojse
image — one where each pixel 15 an independent
random variabkle obeying a Ganssian distribution with
mean [ (without loss of generality) and variance o2.
Suppose that the t]m:dncﬂd i ! and the full image =

T A
For each pizel with value X we thus have

PrlrcX<ztds] = ——e =12 (1)
oy er

We ghall evaluate the largest subdivision b necessary
such that, with very high probability, b= & tiles In the
image need not be further divided {let B = #%), Since
the complete e ia o owon, and most bow b tiles are
represented by a single pixel, n? /8 isa good estimator
of the numbrer of pixvel valnes we shall meed to transmit.
For & given value of b, we have, for { 7 € {1,2}:

visy = 22,

Best
E[f]=0 VI[5] ="

E[54] =10 (7)
t)

where 5i; and 5 are akso normally distributed. The
random variahle of interest ia 5 — 5y, which & ako

normally distributed with mean (b and variance

— ElRed
VI[F-5] = BT 4]
For a normal distribution, it is known that
_ T
Pr|[5- syl <3200 | > 0s ()

g2 further block division s very likely o be prevented
whenever @ i such that

=
L) %)
164*
=1 I ihod" {7

Thue we can expect, with very high probability, that
the number of pixels F required to fransmit a frame
to be related to the threshold & i the form 7 = 4/09,
where 4 is & constant depending only on the image {n
and ).

The above analysis is highly idealized. To malke it
mare realistic, observe that sitnations where @0 = 0
or f = oo are modsled in an unrealistic fashion; near
& = [, we need to transmit no more than #® pivels, and
even & = oo, some basic transmission overhead has
to be incurred. To build thess extreme behaviors into
our framework, we suggest the more realistic model

G +ay. {8)

3
ﬂ: + iy
In figure 2, we tesd our suggested mode]l using a
typical motion video scene (football). Excellent
ment is observed, with the fitting parameters
beimg @ = 120600, oy = 12, and gz = 22.07. From
this we compute () = 122 kDits/frame_ The image
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Figure §: The leaky bucket mechaniam for jitter reduction. It also provides more accurate flow control. Packets
{posably reordered) arrive and are enquened into the frame array. The alarm clock goes off every 87 ms, The
alarm interrupt handler decompressss all remaining packeis for frame i refreshes the display, and advances the
current frame to £ 4 1, The objective is to keep betwesn LO WATER and EX_VATER non-empiy frames in the array,

was 100 = 120 pixels, each representad by ome byte,
which accounts for 153 kDits/frame.  Considering
that football is very different from Gaussian nose,
this is a very good estimate. Also, Glea) = 6y =
22,97 kDits/frame. This is because the coder did mot
start with the entire mage — it tiled the image into
8 x § blocks hafore rmmihg; the quadtres algorithm {so
that image quality is not arbitrarily compromised)
All Icalaﬁﬁ: Images we have ssen 3‘:&:]]. Towr the
eynthetic analyas.

2.3 Load Lines

Maving demonstrated, vsing a synthetic model as
well as real life images, that transmission bandwidih
is imversely related to threshold ¢, we explore the
implications of this obsermtion, Consider a simple
netwoek model offering & constant bandwidth to the
vides comurmnication. Sines (0] & nversely related
to @, we would expect the frame rate I to be directly
related to 4. Using the model in (8],

1
W' {2

for a]:.pmprmte constants a7, af and ay. DEach curve
in figure 3 i5 a plot of .F']{[i'} eugmmt F at a fixed
network bandwidth (as far as experimental methods
permit]).  The lower corves are for less available
bandwidth. Varying avadlable bandwidth was effected
by controlled execution of otler symtletic network
workload with calibrated commumnication rate

F should be ascaled reflection of €7 I the x-amxs for
some curves, the resnlting saturation (at high network
load) is visble, while otlers {af Tighter are fairly
Imear. A corve for & fixed network doad 15 termed o
foad fne. In the next sectiom we show how we use the
motion of load lines to stabilize the frame rate I

3 The Control System

In this szction we describe the design and imple-
mentation of the feedback control software. Figore 1

Fif) = a\—

glows the hasic modules for eompression and trams-
mission, as our starting point.

There am essentially two contral knobs we can turn:
the number of bite a frame s encoded in, and the
number of bits that go through the network per unit
time, to stabilize the number of frames transmatted
{and aha'l.:n} per unit time, and minimize packet losses

whils masdmizing mmu?put £1.1 describes the rade
control mechanism and 3.2 describes the flow control
meeelaniam.

3.1 Presentation Layver Rate Control

The analysis in §2 mdicates that ¢ 5 a powerful
means for conirolling compreasion factor. Our goal s
toset & dymamically based on network “load™ | so that
F ie held constant:

» Find & usable, respotsive and mobost measure of tle
nedwork load as it appears to the video application,

# Fix astable operating point on the current load b,

That is, choose a vadue of the threshold that, under
current network conditions, gives the desired frame

rate at maximum possible picture quality
# When the load bne shifts owing to changss m

network load, recompute the threshold to seitle at
& Tew operating point with the same frame rate.

The central design idea is to use the load hnes
introdueed n §2.3} to monitor recent trend in frame
rates and threshold and thus select the next threshold
value, Tigure 4 illusirates how the load line is
approvimated by straight chords.  The monitored
variables of interest are the frame rate 7 and threshold
&, af the current time ¢, and at some recent past epoch
t— At Then we let Dy be

#1t] — Ot — At]
Fli] = FJt - a.q{

where Fpou 8, for now, constant (15 in our case). This
will change later when we ntegrate the solotiom with

o]+ -FE),  (10)
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IMgure 6: The complete system with rate and flow condral,

flow control, We do not wish to be too bold in settin
#[t+ At] to fgom , snce the readings conld be noisy 1!'!%
dampen the response to favor stability using a linear
back-off;

&
0t + At]

anli{#] 4= {1 = oe)ligeat, (i1
nmx{ti':.un,min{ﬁ':.u:t,ﬂ'}}. (12)

where o is an empirically chosen smoothing constant.
We ueed o = 0.5, tut the choice was ot critical
When scttmg I and @, we also chp them within some
intervals [Py, Faeax] and [Dymg, Opeay] to ensore
stability in extreme cascs

3.2 Trangport Laver Flow Control

Even though TCP [1] provides a reliable and flow-
controlled Lyte-stream, this profocol is too heavy-
weight for our purposs. For real time video viewing,
retranemission to make up for dropped packets is not
practical, Furthermore, TCP handles fiow condrol using
dynamic window management, which as we shall ses,
i not. suwitable for our application.

We have chosen UDP as the fransport layer. The
price we pay for using the light-weight protocol &=
that we st provide customized flow control and
mechanisms for dealing with out-of-order delivery
Clomeider  the ﬁ:-l]-m-'l.'ini,E flret approdimation to the
sender and receiver code.

loop { /+ SENDER +/
cOmprass & packet;
sand & packet;

loop { /+ RECEIVER #/
Taceive a packet;
decomnpress & pachet;

¥

Ideally, we would like ihe sender and receiver loops
progress at approcamately the same rade,  Unfortu-
nately, the code path taken by the receiver is h]nﬁ&r
than that of the sender. Without flow contral, the
receiver would be overrun by the sender and drop 2
large number of incoming packets.

In ouwr prototype, we inmgplement s swrgple Lot
effective flow control o reduce receiver loss rates
without compromiging performance.  The meceiver

gmply measurcs the amount of time it takes to
complete an iteration, vsing the stop-watch in figurs 8.
This loop fime & conveniently piggy-backed onto the
acknowledgement packets, Upon recelving the receiver
cycle time, the sender compares that agamst the time
elapaed betwesn the transmissions of two suwecesive
packets, B the ssnder & running alead, it puts itself
to sleap undil the two cyele times match.

Experiments suggest that this flow contzol scleme
is more effective than window bassd schemes, under
which & fast sender & allowed to let out buorsts of
packets which the receiver may not be akle to cope
with. Owr flow condrol, on the other hand, provides
instantaneous feedback to the sender and the control
iz at & finer grain.

3.3 Implementation

The threshold adjustment mechandsm directly af-
fects the compression algorithm, so it might be run
at the ssnder. In this case, the sender's 1dea of the
current frame rate (which 5 used to recalculate the
threshold) & based on how fast it can nject packets
into the network, Thos this = nesnsitive to

* End-to-end metwork load conditioms,

# Recever decompression and display actirity,

The rernedy is to realive that the specified sdeudng
refe 3 what drives the system, and that is most
rehiably monitored af the recefver. Thus the threshold
adaptation is moved to the receiver, and reecmputed
threshold values are teansmitted back to the sender
{forming a negative fredback path),

Mewrever, now the receiver will find that the sender
15 too slow to respond to fs dickated threshald,
resuliing in Aumting and boad transiends, We use a2
leaky bucket (figure §) — meoming packets {possibly
reopdered) are indexed indo a frame array with water
marks EI WATER L0 WATER and MAX WATER Tl inten-
tiom is to keep spare frames to display so that sender
response delays are masked, and provide storage if the
gender gets ahaad.
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Figure T: Steps in refinmg the compression and feedback control mechanism, rame rate P has besn traced m
timee £, with anotler process involved In data transfer between ¢ = 40 and § = W) seconds. The Jeftmost diagram
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in ' during this interval. The middle diagram shows the sabilizing effect of our adaptive
ecauss of the reaction delay, transients are still visible at leading and traifing edgss, Adding a

leaky bucket intagrator emoothes down these fluctuations to give & very steady frame rate in the righimost graph.

The basic systemn shown m figure 1 flushed the
current frame fo ecreen as soon a8 a packel hearing
a greater frame number armved (this was adequate
for an Ethernet, not packet reordering networks)
With framwe arrays, display refresh st the receiver &
ot driven by packet asrival any more. Instead, am
alerm eleck, shown in figure 6, goes off every 1/15-th
pecond. The alarm interrupt handler completes any
further decompression nesded from the current frame
i and advances the current frame to 4+ 1. With
the frame array, our notion of Foy changes, Since
we are recomputing F[] and 0[] quite regularly

wow (on interrupt), At is fairly constant. We thus
APPTONIERte:
P = g+ 'ﬂi'“l (13)
. . EI_WATER = f]i]
Foal = Fgonl + —ar (14)

where ft] s the ‘water’ bevel In the frame array,
le., the number of nom-empty frame lste. H =
poesible that ff] = HAL WATER in that case the
gender 1 throttled down. Fmally we set F[E + At
and 0t + At as before, The foreground computation
at the receiver consists of polling the frame array and
making progress at deconpresion baefore the alarm
oes 0. When the alarm goes off, this ensures that
ew packets remain to be decompressed, so the image
refresh occurs promgptly.

The laky bucket aleo provides for more accnrate

flow control, Without a small buffer, the receiver
may mot have packets to receive or decomrpress and

Gl

consequently reports a false cycle time o the sender,
Forthermore, the buoffer space in the leaky bucket
allows the receiver to schedule first the most urgent
of the three events af any time — recelving p
decompressing packets, and displaying framees, furﬂre:r
emcothing Eram-: rates and reducing packet Josses,

4 Performance

We tested our design and implementation on a
chester of DEC 5000, 131} workstations connected to
a 10 Mbit/s Ethernct LAN. Later we also tested
the system on a2 WAN. In qualitative terms, each
of four researchers from the Tenet group (real time
network researchers, farmiliar with veual standards of
packet video qualify) found that the mprovemsent
was repnatkable.  In this section we aupport these
observadions with concrets measurements,

Figure 7 ahows the results of an experiment (o
an Lthernet LAN) to determine how effsctive our
jitter condrol method 5. We ensured that there were
eassentially two ongoing network fransactions: cne for
video transmission {which eontinnes for the duration
of the experiment) and a large data tramsfer from £ =
45 through ¢ = 00 seconds. Whereas frame rate drope
to as low as U frames/s from the unloaded walue of
16 framees/s, the stabilized sysfem with our threshald
adaptation holds the frame rate alnost conestant, cdose
to the target rade of 15 frames /s

Another mprovement was in drastically reduced
packet koss rates compared to wversions without flow
control, With a fived threshold value and no flow
coniral, as much as 20% packet loes ia observed {see



figure 8). High packet loss forces incomplete scresn
buffer refreshes, resulting in moving objects appearin
to eave parts behind, Owr flow control metha
reduces packet loss down to Jess that 3%, eliminating
this problem.,

The control mechanism was remarkably adaptive
We ran the software with all tuning parameters
unchanged on a WAN, transmitting motion video
from a workstation i the Univermsity of Wisconsin at
Madison to a Derkeley workstation. Image quality was
comparable with Ethernet performance

Poamosi L s
H ]

Figure B: Our adapiive compression scheme reduces
typical boss rates from 20%% to 3%, eliminating prema-
ture screen refresh problems. A typical time trace =
eliowm.

5 Foctensions and Future Work

To comtain the seope of the project, we have, n
this paper, focused on engimeering issues of video
tranammission over a packet switehed network., The
following may merit forther investigation.

# Dur control system has been empirically determinead
ta be robust and stalle. IMowever, the analysis of
bandwidth in §2 has been used only gqualitatively
in the design of the adaptation mechanism, The
gystem i clearly non-bnear, and delay in the
feedback loop makes a formal stability analbysis
complicated, even though this may be a worthwhile
ENETCEE.

# The prototype is only for gray-scale images, There
conld be interesting enginesring required in frane-
matting color images, becauss of higher bandwidth
and synchronzation requirements,

& The waue of audio transmisgion has wot been ad-
dressed. Auwdio encoding, compression and frans-
mission is fairly standard af this time, and adding
on the functionality is essentially a programomin
affort, exeept that audio hardware is reguired [7],
and the andio and video have to be kept aymehro-

nired [2]

G2

8 Coneclusions

We have described a soffware mechanism for adap-
tive theeshold control for real time packst video
tranefer and viewing in workstation environmends. A
respongive, portalle and robust feedback control has
been designed to gracefully trade mage resohition for
Framee rate stability. Dy appropriate flow control at
the receiver, los rates have been drastically redwced.
Chur prototype works equally well for Eihernet LANs
and WANa. Finally, quaniitative measuremsnta of
performance improvements have been presented
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