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Abstra
t

We 
onsider the real{time transmission of en
oded video from distributed, un
oordinated wireless

terminals to a 
entral base station in a multi{
ode CDMA system. Our approa
h is to employ the

re
ently proposed Simultaneous MAC Pa
ket Transmission (SMPT) approa
h at the data link layer

(in 
onjun
tion with UDP at the transport layer). We 
onsider the real{time transmission of both

video en
oded in an open{loop (i.e., without rate 
ontrol) and video en
oded in a 
losed loop (i.e.,

with rate 
ontrol). We 
ondu
t extensive simulations and study quantitatively the trade{o� between

the video quality, the transmission delay (and jitter), and the number of supported video streams

(
apa
ity). We �nd that the simple to deploy SMPT approa
h a
hieves signi�
antly higher video

quality and smaller delays than the 
onventional sequential transmission approa
h, while ensuring

a high 
apa
ity. In typi
al s
enarios, with SMPT the probability of in{time video frame delivery

is more than twi
e as large as with sequential transmission (for given delay bounds). Our results

provide guidelines for the design and dimensioning of 
ellular wireless systems as well as ad{ho


wireless systems.

Keywords: Multi{
ode CDMA; Rate Control; Real{Time; Simultaneous MAC Pa
ket Transmission;

Uplink Transmission; Video.

1 Introdu
tion

Video traÆ
 is expe
ted to a

ount for a large fra
tion of the traÆ
 in future wireless networks. Gen-

erally, the transport of video over wireless links is a very 
hallenging problem. This is due to (1) the

stringent playout deadlines of the video frames (as well as the variability of the frame sizes for open{loop

en
odings), and (2) the unreliability of the wireless links. For streaming servi
es (e.g., the web{based

streaming of prere
orded video 
lips) whi
h do not require real{time intera
tions, these 
hallenges 
an

be over
ome by relaxing the timing 
onstraints with re
eiver side bu�ering and taking advantage of

multi{user diversity. Multi{user diversity is based on the observation that in a typi
al wireless system

with multiple users, at any point in time, some users are experien
ing favorable transmission 
onditions

on their wireless links, while others are experien
ing adverse transmission 
onditions. (This is due to the
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typi
ally lo
ation{dependent, time{varying, and bursty errors on the wireless links.) The basi
 idea of

multi{user diversity is to transmit at any point in time only over the links that are 
urrently experien
-

ing favorable transmission 
onditions. If a link is 
urrently experien
ing adverse transmission 
onditions

(whi
h would require high power levels or several re{transmissions), then no transmissions are s
heduled

for this link and the re
eiver 
ontinues video playba
k from its bu�er. (See, for instan
e, [7℄ for a detailed

study of su
h a system.) Appli
ations that require real{time intera
tions (e.g., video 
onferen
ing, tele{

medi
ine and games), however, allow only for very limited relaxation of the timing 
onstraints (i.e., very

limited re
eiver side bu�ering). In addition, taking advantage of multi{user diversity typi
ally requires

the 
entral s
heduling of pa
ket transmissions. This 
entral s
heduling requires an established signalling

and 
oordination stru
ture, whi
h, however, is not available in the emerging ad{ho
 wireless networks. In

summary, the real{time video transmission by un
oordinated wireless terminals is espe
ially 
hallenging.

In this paper we develop and evaluate simple, yet quite e�e
tive te
hniques for the real{time video

transmission by distributed, un
oordinated wireless terminals in a 
ommon interferen
e environment

(e.g., lo
al 
luster in an ad{ho
 network or 
ell in a 
ellular network). Our approa
h is to employ

Simultaneous MAC Pa
ket Transmission (SMPT) te
hniques, whi
h have been re
ently developed and

evaluated for the transmission of data traÆ
 (e.g., FTP traÆ
). The basi
 idea of SMPT is to transmit

multiple pa
kets (on multiple CDMA 
odes) in parallel to make up for pa
kets lost due to errors on the

wireless 
hannel. While SMPT te
hniques have been studied extensively for the transmission of data

traÆ
 without any �xed deadlines [5, 4℄, they have not yet been studied in the 
ontext of 
ontinuous

media (su
h as video) with stri
t timing 
onstraints (ex
ept for the initial study [9℄ whi
h fo
used on

the stabilization of the TCP throughput for video, see Se
tion 1.1 for details).

In this paper we study the real{time transmission (with UDP as the transport proto
ol) of video

en
oded with rate 
ontrol as well as of video en
oded without rate 
ontrol. Video en
oded with rate


ontrol has typi
ally only moderate bit rate variations on typi
ally small time s
ales. On the other hand,

en
oding video without rate 
ontrol | whi
h requires less 
omplexity (and saves 
ost and energy at

the wireless devi
e) | results in video traÆ
 with large bit rate variations over many di�erent time

s
ales (in
luding long time s
ales) [6℄. In addition, video en
oded without rate 
ontrol typi
ally exhibits

long range dependen
e (or self{similarity). Consequently, we �nd that di�erent variations of the SMPT

te
hnique are appropriate for the di�erent types of en
oded video. The so{
alled slow{healing SMPT

me
hanism, whi
h resorts to transmitting multiple MAC pa
kets in parallel only after su�ering loss on

the wireless link, is suited for the relatively smooth video en
oded with rate 
ontrol. On the other hand,

the so{
alled fast{start and slow{start SMPT me
hanisms, whi
h transmit from the outset on multiple

parallel 
odes, are suited for the bursty video en
oded without rate 
ontrol.

Throughout our study we pay 
lose attention to implementation aspe
ts. Our fo
us is on te
hniques

that are simple to deploy in pra
ti
al systems and give tangible performan
e improvements, rather than

te
hniques that are optimized for performan
e at the expense of in
reased 
omplexity. The presented

SMPT me
hanisms operate ex
lusively at the data link layer and do not require any higher layer infor-

mation. Also, the SMPT me
hanisms do not require any 
oordination among the wireless terminals in

the 
luster of an ad{ho
 network or the 
ell of a 
ellular network. The SMPT me
hanism running in

a given wireless terminal s
hedules the MAC pa
ket transmissions 
ompletely independently from the

other wireless terminals in the 
luster (or 
ell). The wireless terminals \feel" ea
h other only through

the interferen
e level generated by their transmissions. By varying the number of used CDMA 
odes

and monitoring the su

ess of its own transmissions, the SMPT me
hanism in a given wireless terminal

probes the 
apa
ity of the 
luster (
ell). In typi
al s
enarios the SMPT me
hanism more than doubles

the probability of in{time video frame delivery

This paper is organized as follows. In the following se
tion we give an overview of related work on
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video transmission in wireless environments. In Se
tion 2 we des
ribe the real{time transmission of video

using the SMPT me
hanisms. We �rst review the SMPT te
hnique and then adapt it to the transmission

of video traÆ
. We also de�ne the performan
e metri
s used in our performan
e evaluations and outline

the simulation s
enarios. In Se
tion 3 we quantitatively evaluate the transmission of video en
oded with

rate 
ontrol. Se
tion 4 studies the transmission of video en
oded without rate 
ontrol. We summarize

our 
on
lusions in Se
tion 5.

1.1 Related Work

The area of video transmission in wireless environments has attra
ted a great deal of attention re
ently

and a large body of literature on the topi
 has emerged. Several s
hemes have been proposed for

improving the video quality by employing adaptive video 
oding s
hemes, see for instan
e [2, 10, 11, 13,

20℄. Our work is orthogonal to these adaptive video en
oding s
hemes in that we adapt the s
heduling

of the transmissions of the MAC pa
kets 
arrying the video (instead of the en
oding of the video).

A hybrid s
heme employing forward error 
orre
tion (FEC) and automati
 repeat request (ARQ)

is proposed in [14℄. The ARQ 
omponent in [14℄ does not transmit multiple pa
kets simultaneously in

response to lost pa
kets. Thus, our SMPT approa
h is orthogonal to [14℄ in that it may be used as a

re�ned ARQ 
omponent in the hybrid s
heme of [14℄. We note that an adaptive error re
overy s
heme

for wireless video transmission is developed in [18℄. An enhan
ed UDP transport proto
ol for wireless

video transmission is developed in [24℄.

In [9℄ we studied the streaming of video using TCP as the transport proto
ol. This paper di�ers

from [9℄ in two important aspe
ts. First, [9℄ fo
uses on video streaming with delays on the order of one

se
ond. In this paper, on the other hand, we fo
us on real{time transmission with delays on the order of

less than a few hundred millise
onds, whi
h allow of real{time 
ommuni
ation, as needed for intera
tive

appli
ations, su
h as video 
onferen
es, tele{medi
ine or games. Se
ondly, [9℄ studied a \reliable" video

servi
e, that temporarily pauses the video playout when the 
lient's 
onsumption ex
eeded the supply

of video information (and does not drop any video frames). This paper, on the other hand, 
onsiders a

real{time (albeit lossy) video servi
e, that trades of tight delay bounds for some small loss (whereas [9℄

guarantees no loss at the expense of large delay and play{ba
k pauses).

In [7℄ we developed a prefet
hing s
heme for the streaming of video in wireless environments. This

prefet
hing s
heme may be employed for downlink streaming as well as uplink streaming, and does also

support real{time transmission when the tolerable delays are of the order of a few video frame periods.

The fundamental di�eren
e between the s
heme studied in this paper and the prefet
hing s
heme [7℄ is

that [7℄ requires 
entralized s
heduling, whereas the s
heme studied in this paper is for the un
oordinated

transmission by distributed wireless terminals.

We note that video transmission in multi{
ode CDMA systems is also studied in [1℄. The s
heme

proposed in [1℄ is similar to ours in that multiple 
odes are used in parallel to a

ommodate the variable

sized video frames (of a given video). The main di�eren
e between [1℄ and our s
heme is that [1℄ requires

a signi�
ant amount of 
oordination among the videos being transmitted (for instan
e, the video streams

are aligned su
h that a (typi
ally large) Intra
oded (I){frame of one video stream does not 
oin
ide with

the I{frame of another video stream). Our s
heme on the other hand does not require any 
oordination

among the ongoing video 
ows, and is thus well suited for wireless networks with little or no 
oordination

among the wireless terminals, su
h as ad{ho
 networks.

We �nally note that me
hanisms for the transmission of s
alable video (i.e., video en
oded into

multiple layers) over wireless links are dis
ussed in [12, 15, 23℄. These me
hanisms strive to s
hedule the

individual layers so as to maximize the overall video quality. Throughout this paper we are fo
using on

video that is en
oded into a single{layer (i.e., non{s
alable).
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2 Real{Time Video Transmission with SMPT

In this se
tion we dis
uss the transmission of video traÆ
 using the Simultaneous MAC Pa
ket Transmis-

sion (SMPT) approa
h. At the sending wireless terminal the video is en
oded into video frames. Ea
h

video frame is immediately passed down the networking proto
ol sta
k through the UDP transport pro-

to
ol and the IP network proto
ol (ea
h of whi
h appends its header to the video frame). For simpli
ity,

we assume that ea
h video frame is en
apsulated into a single transport layer segment. (Thus, we use the

terms \segment" and \video frame" inter
hangeably in our dis
ussion of the lower layer me
hanisms.)

At the data link layer, the segment (video frame plus UDP and IP proto
ol headers) is partitioned into

�xed size Link{layer Pa
ket Data Units (LPDUs). (Padding is used to �ll the last LPDU for a given

video frame.) With the standard sequential transmission approa
h, the LPDUs are transmitted in send{

and{wait fashion using one single CDMA 
ode. (Throughout, a slotted timing stru
ture is assumed,

where one CDMA 
ode provides suÆ
ient transmission 
apa
ity to transmit one LPDU in one slot of

duration �

slot

.) An LPDU su

essfully re
eived by the re
eiving terminal is immediately a
knowledged,

and the next LPDU is transmitted in the subsequent slot. (We assume that the a
knowledgment for a

su

essful LPDU is returned and pro
essed before the next LPDU is sent in the next slot; this is feasible

with typi
al hardware 
on�gurations of wireless 
ommuni
ation systems [22℄.) If an LPDU is lost on the

wireless link, the sender retransmits the lost LPDU until it is re
eived su

essfully, and then moves on

to the next LPDU (see [8℄ for details).

2.1 Slow{Healing SMPT for Video En
oded with Rate Control

We now brie
y review the SMPT approa
h (referring the interested reader to [8℄ for a more detailed

dis
ussion) and des
ribe how to transmit video en
oded with rate 
ontrol with the SMPT approa
h.

The basi
 idea of SMPT is to transmit multiple LPDUs in parallel using multiple CDMA 
odes (one for

ea
h LPDU) when an LPDU was lost on the wireless link. Suppose an LPDU is not su

essfully re
eived

(and hen
e not a
knowledged). In the most basi
 SMPT s
heme, in the next slot the sending terminal

transmits the lost pa
ket and the subsequent LPDU (whi
h would have been transmitted in that slot,

had there not been a link error) on two CDMA 
odes. If these LPDUs are su

essfully re
eived and

a
knowledged the sender returns to sending one pa
ket using one CDMA 
ode. Otherwise (i.e., if the

pa
kets are not su

essful) the terminal sends three LPDUs (the two unsu

essful LPDUs plus the LPDU

next in line) using three CDMA 
odes. This pro
ess 
ontinues until the LPDUs are su

essful or the

terminal has \ramped up" to using a pre{spe
i�ed maximum number R of CDMA 
odes (where typi
ally

R = 8, due to the physi
al limitations of the radio front ends of pra
ti
al wireless devi
es; for low{
ost

devi
es typi
ally R = 3). We note that modern wireless systems, su
h as IS{95 (Rev. B) and UMTS,

allow for the deployment of SMPT, as these systems provide the 
apability to adapt the transmission

rates by varying the number of used 
odes. (We also remark that 
on
eptually the transmission rate


ould be adapted by varying the spreading gain or a 
ombination of varying the number of 
odes and

the spreading gain. However, to �x ideas for our study, we 
onsider a system that varies the number of


odes and keeps the spreading gain �xed.)

To save pre
ious wireless transmission resour
es (and energy) as well as to redu
e the 
reated inter-

feren
e, the \ramping" me
hanism of SMPT 
an be 
ombined with a link probing me
hanism. The basi


idea of link probing (�rst proposed in [25℄), is to probe the link after an LPDU was not a
knowledged.

In our SMPT 
ontext, the sending terminal retransmits the lost LPDU (as a link probe) using only

one single CDMA 
ode until this probing LPDU is a
knowledged. The terminal then starts to build

the SMPT ramp to 
lear the ba
klog that has a

umulated during the probing. With the Slow{Healing

variation of SMPT the terminal ramps up by using two CDMA 
odes in the slot right after the probing
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LPDU was re
eived and a
knowledged su

essfully, three 
odes in the subsequent slot, and so on, until

all R 
odes are used. If at any point an LPDU is not a
knowledged the terminal returns to probing and

rebuilds the ramp after a su

essful probing LPDU. This probing re�nement is espe
ially e�e
tive with

the highly{
orrelated, bursty errors of a typi
al wireless link (usually modeled as a two{state Markov

Chain, see Se
tion 2.4 and [19℄ for details) and is employed throughout the remainder of this study.

In this study on video transmission using SMPT we employ the outlined slow{healing SMPT approa
h

for video en
oded with rate 
ontrol. The video frames are partitioned into LPDUs and bu�ered in a

data link bu�er of size L

Queue

. This bu�er is used to smooth out short{time s
ale variation of the

rate{
ontrolled video (and holds the LPDUs that are ba
ked up during link probing). The motivation

for using slow{healing SMPT for rate{
ontrolled video is that rate{
ontrolled video typi
ally has only

moderate variations on relatively short time{s
ales around a pre{spe
i�ed target bit rate [6℄. Slow{

healing SMPT, whi
h strives to stabilize the throughput of the wireless link is therefore well suited for

this type of video traÆ
. An important advantage of slow{healing SMPT is that it generally has very

good interferen
e properties [4℄; it has a small varian
e of the 
ode usage in a wireless 
ell, redu
ing the

demands on the power 
ontrol, and has a small inter{
ell interferen
e to neighboring 
ells.

2.2 Fast/Slow{Start SMPT for Video En
oded Without Rate Control

For video en
oded without rate 
ontrol, slow{healing SMPT is not well suited. This is be
ause video

en
oded without rate 
ontrol exhibits a highly variable bit rate over a wide range of time s
ales (in
luding

long time s
ales). A moderately sized bu�er at the link layer whi
h is ideally drained at a 
onstant rate

is therefore not very eÆ
ient in serving this type of video traÆ
. Instead, the link layer needs to adapt

to the varying bit rate of the video traÆ
. To a
hieve this we employ the more aggressive Slow{Start

and Fast{Start SMPT me
hanisms. With fast{start SMPT the wireless terminal transmits R LPDUs

in parallel using R CDMA 
odes as long as there are ba
klogged LPDUs in the queue and all LPDUs

are a
knowledged. When an LPDU is not a
knowledged the terminal begins to probe the 
hannel with

one LPDU per slot. On
e the probing LPDU is a
knowledged, the terminal resumes to transmit with

R 
odes. With slow{start SMPT, on the other hand, the terminal starts building a ramp whenever

more than one LPDU is in the queue (even when the ba
klog is not due to previous link errors). The

terminal in
reases the number of used 
odes by one for ea
h slot in whi
h all LPDUs are a
knowledged

up to the maximum of R 
odes. When an LPDU is not a
knowledged, the terminal starts probing the


hannel with one LPDU. On
e the probing LPDU is a
knowledged, the terminal resumes building the

ramp (provided there are ba
klogged LPDUs in the queue). By striving to work o� any ba
klog in the

link layer bu�er, the start SMPT me
hanisms adapt to the varying bit rates. We note however, that

these start me
hanisms generally lead to a higher variability of the total number of used 
odes in a 
ell

of a wireless 
ellular system, thus putting more burden on the 
ell's power 
ontrol. Also, the interferen
e

seen in neighboring 
ells is larger, 
ompared to the less aggressive slow{healing approa
h.

2.3 Performan
e Metri
s

Continuous media appli
ations (su
h as video) have stringent timing 
onstraints. For the 
ase of video,

the re
eiver has to de
ode and display a new frame with every frame period (typi
ally 40 mse
 or multiples

thereof, see [6℄). If a video frame is not 
ompletely re
eived by its playout deadline, the re
eiver loses (a

part or all of) the frame. The loss may result in jerky motions or artifa
ts in the video, whi
h redu
e

the per
eived video quality.

For the purpose of our study we express the timing 
onstraints in the delay and jitter bounds

standardized in RFC 1193 [3℄, whi
h we brie
y review here for 
onvenien
e. Suppose at time t

0

a video
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frame is generated and instantaneously passed through the transport and network layer down to the data

link layer. Suppose the video frame (plus higher layer proto
ol headers) is partitioned into N LPDUs.

With sequential transmission the minimal delay of the video frame is 
learly

D

min

= N � �

slot

:

This minimal delay is attained when there are no errors on the wireless link, i.e., when no LPDU needs

to be re{transmitted. However, typi
ally there are some wireless link errors that result in some LPDU(s)

being dropped, and subsequently re{transmitted. Suppose that the transport layer at the re
eiver a

epts

only segments that arrive with a delay no larger than

D

max

= minf�

delay

; D

min

+ �

jitter

g; (1)

where �

delay

denotes the deterministi
 delay bound, and �

jitter

denotes the deterministi
 delay{jitter

bound de�ned in [3℄. We de�ne D

max

as the transmission window within whi
h a segment has to be

transmitted (delivered) from the sender to the re
eiver in order to be 
onsidered su

essful. Suppose

that the segment arrives at time t

2

at the transport layer at the re
eiver. The delay D of a su

essful

segment satis�es

D = t

2

� t

0

� �

delay

: (2)

The jitter J of the segment is

J = t

2

� (t

0

+N � �

slot

) � �

jitter

: (3)

In our quantitative study we 
onsider the following metri
s:

� The jitter J as de�ned in (3). In our simulations we re
ord the jitter of all su

essful segments

(video frames) and report the resulting average jitter.

� The probability of su

essful video frame (segment) delivery for a given delay 
onstraint �

delay

.

� The goodput (in bit/se
) is obtained by summing the sizes of of the link layer payloads of all

su

essfully transmitted LPDUs (in bit) and dividing this sum by the duration of a given video


ow. (The link later payload 
onsists of the video frame plus UDP and IP headers plus padding,

but does not in
lude FEC and link layer header. Due to the UDP and IP proto
ol headers as well

as the padding the goodput may be larger than the average bit rate of the video streams.)

Additionally, we 
onsider the 
apa
ity whi
h we de�ne as the number of simultaneous video 
ows

that 
an be supported in a given wireless 
ell while meeting spe
i�
 delay 
onstraints and goodput

requirements.

2.4 Simulation S
enario

To evaluate the transmission of video using SMPT me
hanisms we have developed 
omprehensive sim-

ulation programs based on ptolemy [17℄ and ns-2 [16℄. Be
ause of spa
e 
onstraints we give here only

a brief overview of the simulation programs and refer the interested reader to [8℄ for details. In our

simulations we 
onsider a s
enario where multiple distributed wireless (and possibly mobile) terminals

transmit video (exa
tly one stream per terminal) to a 
entral base station. We 
hose this uplink trans-

mission s
enario within a wireless 
ell to �x ideas. Our SMPT me
hanisms do not rely on the 
ellular

stru
ture; in fa
t with our SMPT me
hanisms ea
h wireless terminal s
hedules its LPDU transmissions

without any knowledge of the other terminals' a
tivities. (The wireless terminals only \feel" ea
h other
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through the shared interferen
e environment (within the 
ell).) The simulation programs simulate the

entire network proto
ol sta
k at ea
h sending terminal and the 
orresponding proto
ol sta
ks at the base

station (whi
h serves as a re
eiver for the video streams).

For the simulation of the video traÆ
 we use frame size tra
es of 25 videos en
oded with rate 
ontrol

(for the s
enario with rate 
ontrol) and frame size tra
es of 25 videos en
oded without rate 
ontrol (for

the s
enario without rate 
ontrol). The sets of frame size tra
es are des
ribed in more detail at the

beginnings of Se
tions 3 and 4. In ea
h s
enario, for ea
h of the ongoing video streams we randomly

pi
k one out of 25 (respe
tive) frame size tra
es as well as a random phase into the sele
ted tra
es.

Ea
h video frame is en
apsulated into a single UDP transport layer segment and passed down through

the IP network layer to the link layer. At the link layer the video frame (plus UDP and IP headers) is

partitioned into LPDUs of 128 bytes ea
h. (80 bytes of link layer payload (video frame, UDP and IP

proto
ol headers, padding) + 47 bytes of FEC + 1 byte of link layer header.) The LPDUs are pla
ed

into the data link bu�er of default size L

Queue

= 100 LPDUs = 12.8 kByte.

At the physi
al layer, pseudo{noise spreading sequen
es are used. Ea
h wireless links (
onsisting of up

to R parallel 
ode 
hannels) is modeled using the two{state (\good" and \bad") Markov Chain (Gilbert{

Elliot) model with typi
al settings for the transition probabilities between the two states [19, 11, 8℄. In

the \bad" state all LPDUs sent over the link are dropped with probability one. In the \good" state an

improved Gaussian approximation is used to evaluate the bit error probability on the link as a fun
tion

of the total number of used pseudo{noise 
odes (i.e., interferen
e level) in the 
ell. The LPDU drop

probability is then 
al
ulated from the bit error probability assuming BCH(1023, 640, 41) forward error


orre
tion for ea
h LPDU. The slot length is �xed at �

slot

= 10 mse
. The bit rate for one CDMA


hannel (in the wireless terminal to base station dire
tion) is 64 kbps.

All simulations are run until the 99% 
on�den
e interval of the metri
s of interest is less than 1% of

the 
orresponding sample mean.

3 Simulation Results for Video En
oded With Rate Control

For the simulation of the transmission of video en
oded with rate 
ontrol we use the 25 frame size tra
es

of video en
oded in H.263 with a target bit rate of 64 kbps available from [6℄. These H.263 en
odings are


hara
teristi
 of video en
oded with rate 
ontrol. The video traÆ
 has only small to moderate variations

around the target bit rate.

The spreading gain is set to 16 throughout this se
tion.

3.1 Impa
t of the Number of Wireless Terminals

In Figure 1 we plot the goodput as a fun
tion of the number of wireless terminals (whi
h is equivalent

to the number of ongoing video streams). We give the goodput for the sequential transmission mode

and the slow{healing SMPT approa
h (with a maximum number of R = 3 parallel CDMA 
odes for

a given terminal). The 
orresponding jitter results are presented in Figure 2. In this experiment we

do not impose any delay bound �

delay

or jitter bound �

jitter

. Thus at the re
eiver, there are no video

frames dis
arded due to violated playba
k deadlines. Loss o

urs only when the LPDUs 
arrying parts

of a video frame �nd the link layer bu�er full. We observe from the �gures that with SMPT up to

nine video streams 
an be supported with a goodput of 66 kbit/s and an average jitter J smaller than

10 ms. The sequential transmission mode a
hieves a goodput of 63 kbit/s for up to twelve video streams.

However, the average jitter of the sequential transmission mode is roughly one se
ond throughout. This

is una

eptable for real{time video transmission, espe
ially for intera
tive appli
ations, su
h as video

7
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Figure 1: Goodput as a fun
tion of number of

wireless terminals (L

Queue

= 100 LPDUs).
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Figure 2: Average jitter J as a fun
tion of number

of wireless terminals (L

Queue

= 100 LPDUs).


onferen
es. We de�ne the operational phase (
apa
ity) as the range of video streams over whi
h the QoS

provided is stable. For the s
enario shown in Figures 1 and 2 the operational phase for the sequential

transmission mode is 12 video streams and for SMPT it is nine video streams. We observe that the jitter

in
reases steeply when the 
apa
ity of the SMPT system is ex
eeded, i.e., when the number of video

streams in
reases from nine to ten (an 11% in
rease in the 
ell load). To explain this, note that SMPT

stabilizes the throughput by using more 
odes when LPDUs get ba
klogged in the link layer bu�ers of the

wireless terminals. On
e the traÆ
 load is in
reased beyond the system 
apa
ity, the interferen
e level

in
reases signi�
antly, leading to more dropped LPDUs and thus more ba
klog. In response, SMPT uses

more 
odes, trying to 
lear the ba
klog. However, by using more 
odes the interferen
e level is further

in
reased. This in turn leads to more dropped LPDUs and more ba
klog, whi
h SMPT is not able to


lear when the system is loaded beyond its 
apa
ity. As we observe from Figure 2, when the SMPT is

loaded beyond its 
apa
ity it gives about the same jitter performan
e as sequential transmission.

We thus observe that there exists a trade{o� between the range of the operational phase (
apa
ity)

and QoS provided in terms of goodput and jitter. For a smaller operational phase the QoS provided

by SMPT is mu
h better than the QoS provided by sequential transmission. (We note that the average

jitter studied here is only a �rst, 
oarse assessment of the performan
e. Even with an average jitter

below a 
ertain threshold �

jitter

, video frames may miss their deadline if the variability of the jitter is

large. We study therefore the performan
e with respe
t to a �xed delay 
onstraint in the next se
tion

and the jitter distribution in detail in Se
tion 3.3.)

3.2 Impa
t of Delay Constraint �

delay

In Figures 3 and 4 we plot the probability of su

essfully delivering a video frame as a fun
tion of the

number of ongoing video streams for the sequential transmission mode and slow{healing SMPT. We

give the probability of su

essful video frame delivery for the delay bounds �

delay

= 50, 100, 150, 200,

and 250 mse
. We note that the link layer at the sending wireless terminal is not aware of these delay

bounds. The link layer simply tries to transmit the LPDUs in its bu�er; it is not aware of the fa
t that

the LPDUs 
arry video frames with playout deadlines. Thus, our approa
h preserves the isolation of the

layers of the networking proto
ol sta
k and allows for the deployment of our me
hanisms in low{
ost

wireless terminals. At the re
eiver's transport layer only the video frames meeting the delay bound are

passed up to the appli
ation. We observe from Figure 3 that only a very small fra
tion (less than one

8



per
ent) of the video frames is transmitted su

essfully with the sequential transmission mode for the


hosen delay bounds. As expe
ted, larger delay 
onstraints result in a larger probability of su

essful

video frame delivery. However, even for a delay bound of �

delay

= 250 mse
, less than one per
ent

of video frames are transmitted su

essfully. (We note that this very poor performan
e is due to the

relatively large default size of the link layer bu�er of L

Queue

= 100 LPDUs. The link layer is not aware

of the video frame deadlines and transmits all the LPDUs in the bu�er, even though they may 
arry

video frames that have already missed their deadline. The larger the bu�er the more delay the LPDUs

may experien
e in the bu�er. We study the impa
t of the bu�er size in detail in Se
tion 3.3.)

We observe from Figure 4 that with the slow{healing SMPT me
hanism the probability of sending a

video frame su

essfully is very high. For nine and less wireless terminals (ea
h sending one video stream)

the su

ess probability for a delay 
onstraint of �

delay

= 250 mse
 is 98%. Smaller delay 
onstraints �

delay

de
rease the su

ess probability, but even for �

delay

= 150 mse
, the su

ess probability is still around

60%. We 
on
lude that for its operational phase up to nine ongoing video streams, the slow{healing

SMPT me
hanism a
hieves high probabilities of su

essful video frame transmission. With ten wireless

terminals the SMPT system is loaded beyond its 
apa
ity and we observe a sharp drop{o� in the su

ess

probability.
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Figure 3: Probability of su

essfully delivering a

video frame for delay 
onstraints �

delay

= 50, 100,

150, 200, and 250 mse
 for the sequential transmis-

sion mode (L

Queue

= 100 LPDUs, �xed).
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Figure 4: Probability of su

essfully delivering a

video frame for delay 
onstraints �

delay

= 50, 100,

150, 200, and 250 mse
 for the slow{healing SMPT

me
hanism (L

Queue

= 100 LPDUs, �xed).

3.3 Impa
t of Link Layer Bu�er Size L

Queue

For the simulation results reported so far, the bu�er at the link layer was set to L

Queue

= 100 LPDUs =

12.8 kByte. We now vary the size of the link layer bu�er L

Queue

. It is well known that smaller bu�ers

redu
e the jitter. However, smaller bu�ers also result in larger loss (and hen
e a smaller probability of

su

essful video frame transmission), and 
onsequently in a smaller goodput. We now investigate this

trade{o� quantitatively. Figures 5 and 6 give the goodput and the jitter as fun
tions of the link layer

bu�er size L

Queue

. (We do not impose a delay bound �

delay

or jitter bound �

jitter

in this experiment.)

We investigate the situation where nine and ten wireless terminal are transmitting rate{
ontrolled video

simultaneously using either the sequential transmission mode or slow{healing SMPT. We observe that

for the sequential transmission mode (i) the 
ell load (either nine or ten WTs) has no signi�
ant impa
t,

and (ii) as expe
ted, both the jitter and the goodput de
rease as the bu�er size is de
reased from the

9
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Figure 5: Goodput as a fun
tion of the link layer

bu�er size L

Queue
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Figure 6: Average jitter J as a fun
tion of the link

layer bu�er size L

Queue

.

default value of 100 LPDUs to smaller values. For a bu�er size of L

Queue

= 30 LPDUs, for instan
e, the

average jitter is J = 100 mse
 and the goodput is 56 kbit/s. The impli
ation of this experiment is that

the performan
e of the sequential transmission mode is very sensitive to the link layer bu�er size. For

a relatively small bu�er of 30 LPDUs the sequential transmission mode rea
hes its maximum goodput.

Further in
reases in the bu�er do not a�e
t the goodput, but in
rease the jitter dramati
ally (and thus

lead to a small probability of su

essful video frame delivery, as seen in the previous se
tion).

For bu�er sizes between 5 and 30 LPDUs there is no signi�
ant di�eren
e between the performan
e

of SMPT for nine or ten wireless terminals. Note that the operational phase for SMPT in
ludes nine

wireless terminals with a bu�er size of 100 LPDUs. For nine terminals the average jitter J is always

below 10 ms and the goodput rea
hes 66 kbit/s for large bu�ers. For ten wireless terminals supported

with SMPT the jitter is below 10 mse
 for small bu�ers (30 LPDUs or less); for larger bu�ers the jitter

in
reases dramati
ally. The good news from this experiment is that within its operational range of up

to nine ongoing video streams, SMPT is relatively insensitive to the bu�er size (as long as the bu�er has

a 
ertain minimum size, of 40 LPDUs in our setting); this simpli�es the 
on�guration of the me
hanism

in pra
ti
e.

As noted above, real{time video transmission requires that the video frames are delivered within a

tight delay bound. To a
hieve a tight delay bound the bu�ers should be small. In Figures 7, 8, 9, and

10 we plot the probability masses of the jitter J (in mse
) as a fun
tion of the video frame size (in byte).

We 
onsider slow{healing SMPT and the sequential transmission mode in this experiment. The link

layer bu�er is set to L

Queue

= 20 LPDUs and L

Queue

= 40 LPDUs, respe
tively. There are nine wireless

terminals | sending one video stream ea
h | in the 
ell. Only the jitter values of su

essful video

frames (i.e., video frames whi
h had none of their LPDUs dropped due to a full link layer bu�er) are


onsidered. All �gures have the bi{modal frame distribution | whi
h is typi
al for video en
oded with

H.263 with rate 
ontrol (see [6℄ for details) | in 
ommon. We observe that SMPT gives signi�
antly

smaller jitter J than the sequential transmission mode. For SMPT and a link layer bu�er of L

Queue

=

20 LPDUs, almost all of the probability mass is lo
ated at jitter values less than 30 mse
; for a link layer

bu�er of L

Queue

= 40 LPDUs, most of the probability mass is lo
ated at jitter values less than 75 mse
.

On the other hand, with the sequential transmission mode, video frames are very likely to experien
e a

jitter of up to 150 mse
 for a link layer bu�er of L

Queue

= 20 LPDUs; with a link layer bu�er of L

Queue

= 40 LPDUs, jitter values in the range between 200 and 400 mse
 are very likely (espe
ially for small

video frames).

10
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Figure 7: Probability masses for video frame jitter

J as a fun
tion of the video frame size. (Sequen-

tial transmission, L

Queue

= 20 LPDUs, 9 video

streams.)
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Figure 8: Probability masses for video frame jitter

J as a fun
tion of the video frame size. (slow{

healing SMPT, L

Queue

= 20 LPDUs, 9 video

streams.)

Upon 
loser inspe
tion, we observe from Figures 7 and 9 that with the sequential transmission mode,

smaller video frames are more likely to experien
e large jitter values, 
ompared to large video frames.

The reason for this is that large video frames �t only in an almost empty link layer queue and therefore

typi
ally are not delayed by retransmissions of pre
eding video frames. Small video frames, on the other

hand, �t almost always into the queue and therefore are more likely to be delayed by retransmissions

of pre
eding frames. Note also that frame loss is more likely for larger video frames than for smaller

video frames for the sequential transmission mode. From Figures 8 and 10 we observe that for SMPT

the smaller video frames are only slightly more likely to experien
e larger jitter values, 
ompared to the

larger video frames. In brief, this is due to the dynami
s of the ramping pro
ess (see [8℄ for details).

Besides the simulations with the frame size tra
es we have also 
ondu
ted experiments with the a
tual

video streams to subje
tively evaluate the video quality a
hieved by the studied transmission s
hemes.

Be
ause of spa
e 
onstraints we give here only a few illustrative results and refer the interested reader

to [8℄ for more results. Figures 11 and 12 give snapshots for the video Aladdin

1

after transmission using

the sequential transmission mode and slow{healing SMPT. The pi
ture obtained with an error{free

transmission is given for 
omparison. In the 
onsidered s
enario there are nine ongoing video streams,

the link layer bu�er is L

Queue

= 40 LPDUs, and the delay bound is d

delay

= 100 mse
. We observe that

for both pi
tures the SMPT approa
h gives signi�
antly better quality than the sequential transmission

approa
h. In fa
t the SMPT pi
ture is almost as good as the pi
ture that would be obtained with

an error{free transmission; it is only noti
eable that in the SMPT pi
ture the 
ontours are somewhat

\washed out" and not as sharp as in the error{free pi
ture. The pi
ture obtained with sequential

transmission, on the other hand, is severely degraded in quality; it has several obvious artifa
ts (also,

the left two{thirds of the pi
ture in Figure 12 lag behind the error{free video pi
ture). The degradations

in the pi
tures are 
aused by video frames that missed their deadline and 
ould therefore not be de
oded.

With ea
h missed video frame the de
oder misses the update of a number of ma
ro{blo
ks whi
h then

1
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Figure 9: Probability masses for video frame jitter

J as a fun
tion of the video frame size. (Sequen-

tial transmission, L

Queue

= 40 LPDUs, 9 video

streams.)
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Figure 10: Probability masses for video frame

jitter J as a fun
tion of the video frame size.

(slow{healing SMPT, L

Queue

= 40 LPDUs, 9 video

streams.)

results in artifa
ts and washed out 
ontours in future frames that are predi
tive en
oded with respe
t

to the missing frame.

We note that these pi
tures are only indented to give a rough impression of how e�e
tive the simple

SMPT te
hnique is. We did not 
onsider any re�nements, su
h as error 
on
ealment te
hniques [21℄

whi
h 
an de
ode partial video frames and thus improve the quality further at the expense of added


omplexity.

Figure 11: Comparison I of video sequen
e Aladdin (





DISNEY) after sequential (left), SMPT (middle),

and error-free (right) transmission.

12



Figure 12: Comparison II of video sequen
e Aladdin (





DISNEY) after sequential (left), SMPT (middle),

and the error{free (right) transmission.

4 Simulation Results for Video En
oded Without Rate Control

In this se
tion we study the un
oordinated real{time transmission of video en
oded without rate 
ontrol

(i.e., in an open loop). For these simulations we used the frame size tra
es of 25 videos en
oded in

MPEG{4 with the �xed quantization parameters 10 for I{frames, 14 for P{ frames, and 18 for B{frames

(available from [6℄). This open{loop en
oding avoids the 
omplexity introdu
ed by rate 
ontrol. (Also,

it results in a 
onstant video quality at the en
oder output, whereas the video quality at the en
oder

output is slightly variable when rate 
ontrol is employed). However, the traÆ
 produ
ed by open{loop

en
oding is highly variable. Not only are the individual video streams highly variable in the sizes of their

video frames, but also the di�erent video streams di�er signi�
antly in their frame size statisti
s, e.g.,

the video streams vary in their mean bit rate (see [6℄ for the exa
t statisti
al properties of the 25 video

tra
es used). These variabilities pose a parti
ular 
hallenge for the network transport. We demonstrate

that the simple to deploy slow{ and fast{healing SMPT me
hanisms are able to transport this highly

variable traÆ
 eÆ
iently in real{time over the wireless links.

Throughout this se
tion the spreading gain is set to a default value of 32 (whereas it was 16 throughout

the pre
eding se
tion). The reason for this larger spreading gain setting is that CDMA systems generally

a
hieve better statisti
al multiplexing for larger spreading gains (espe
ially for video traÆ
, see [8℄ for a

detailed study). In the previous se
tion the goal of the slow{healing SMPT transmission me
hanism was

to stabilize the throughput of the wireless link to the target bit rate of the rate{
ontrolled video en
odings;

whi
h have only small variations and hen
e require only a small amount of statisti
al multiplexing. For

the highly variable open{loop en
oded video 
onsidered in this se
tion, a signi�
ant amount of statisti
al

multiplexing is required for eÆ
ient transport.

4.1 Impa
t of the Number of Wireless Terminals

We �rst investigate the impa
t of the number of wireless terminals in the 
ell on the goodput and the

average jitter J . We 
onsider three transmission approa
hes: (1) sequential with a bit rate of 64 kbps

(i.e., a spreading gain of 32) and a bit rate of 128 kbps (i.e., a spreading gain of 16), (2) slow{start

SMPT (with up to R = 8 parallel 
ode 
hannels), and (3) fast{start SMPT (with up to R = 8 parallel


ode 
hannels). In Figure 13 we plot the goodput as a fun
tion of the number of wireless terminals for

the di�erent transmission approa
hes. We observe that the sequential transmission mode with 64 kbps

13
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Figure 14: Average jitter J as a fun
tion of the

number of wireless terminals (L

Queue

= 100 LP-

DUs).

has a stable goodput of 53 kbps over the entire 
onsidered range of the number of wireless terminals

(ea
h transmitting one video stream). The sequential transmission mode with 128 kbps, whi
h e�e
tively

transmits always on two CDMA 
ode 
hannels and produ
es therefore signi�
antly larger interferen
e,

a
hieves a higher goodput of approximately 80 kbps up to 16 ongoing video streams. Up to 20 ongoing

video streams the fast{start SMPT approa
h a
hieves the highest goodput. For more video streams the

goodput drops slowly to the level of the sequential transmission mode with 64 kbps. The slow{start

SMPT approa
h gives a slightly smaller goodput than the fast{start SMPT approa
h for less than 20

video streams, but for more video streams it a
hieves the largest goodput.

In Figure 14 we plot the average jitter J as a fun
tion of the number of wireless terminals. Sequential

transmission with 64 kbps gives an average jitter J of 400 mse
. This jitter is too large for real{time

video transmission, 
onsidering that for video 
onferen
ing the jitter 
onstraint is typi
ally �

jitter

= 150

mse
. By doubling the bit rate a smaller jitter (whi
h is still above the threshold for video 
onferen
ing)

is a
hieved for up to 16 ongoing video streams. Only the SMPT me
hanisms a
hieve jitter values that are

a

eptable for real{time 
ommuni
ation. For up to 18 wireless terminals in the 
ell the fast{start SMPT

me
hanism gives a slightly smaller jitter than the slow{start SMPT me
hanism. With a larger number

of ongoing video streams in the 
ell, the fast{start SMPT me
hanism be
omes unstable. This is be
ause

the fast{start SMPT me
hanism always uses all R CDMA 
ode 
hannels without taking the interferen
e

level in the 
ell (governed by the other terminals' a
tivities) into 
onsideration. The slow{start SMPT

me
hanism, on the other hand, gives an average jitter below 150 mse
 for up to 24 ongoing video streams.

The slow{start SMPT me
hanism gives stable performan
e as the 
ell load in
reases sin
e it probes out

the 
apa
ity in the 
ell by slowly in
reasing the number of used CDMA 
odes.

4.2 Impa
t of Delay Bound �

delay

In Figures 15, 16, and 17 we plot the probability of su

essfully delivering a video frame as a fun
tion

of the number of wireless terminals for the sequential transmission with 64 kbps, the fast{start SMPT

me
hanism, and the slow{start SMPT me
hanism. We plot the probability of su

essful video frame

delivery (i.e., the probability that a video frame is delivered to the re
eiver with a delay value smaller

14



than the delay bound �

delay

) for �

delay

= 50, 100, 150, 200, and 250 mse
. We note that the delay bound is

not known at the sender's link layer. The sender simply tries to send the video frames as fast as possible.

We observe from Figure 15 that for the sequential transmission the probability of sending a video frame

su

essfully is 
onstant over the entire 
onsidered range of the number of wireless terminals in the 
ell.

The su

ess probability depends only on the delay 
onstraint. For a delay 
onstraint of �

delay

= 150

mse
, the probability of in{time delivery of a video frame is around 30%. We observe from Figure 16 that
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Figure 15: Probability of su

essfully delivering a

video frame with delay 
onstraints of �

delay

= 50,

100, 150, 200, and 250 mse
 for the sequential trans-

mission mode (L

Queue

= 100 LPDUs).
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Figure 16: Probability of su

essfully delivering

a video frame with delay 
onstraints of �

delay

=

50, 100, 150, 200, and 250 mse
 for the fast{start

SMPT me
hanism (L

Queue

= 100 LPDUs).

for the fast{start SMPT approa
h the probability of sending a video frame su

essfully is over 70% if the

number of ongoing video streams is less than 19 and the delay 
onstraint �

delay

is 150 mse
 or larger. We
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Figure 17: Probability of su

essfully delivering a

video frame with delay 
onstraints of �

delay

= 50,

100, 150, 200, and 250 mse
 for the slow{start

SMPT me
hanism (L

Queue

= 100 LPDUs).
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Figure 18: Comparison of di�erent transmission

s
hemes: Probability of su

essfully delivering a

video frame for a delay 
onstraint of �

delay

= 150

mse
 (L

Queue

= 100 LPDUs).

observe from Figure 17 that for slow{start SMPT (in 
ontrast to sequential transmission) the probability

of su

essful transmission of a video frame de
reases with ea
h additional video stream. However, the

su

ess probability with slow{start SMPT is always larger than with sequential transmission.

The probabilities of su

essful video frame delivery with the di�erent transmission s
hemes (1) se-
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quential transmission with 64 kbps (Seq), (2) sequential transmission with 128 kbps (bit rate doubled by

using half the spreading gain) (Seq

2

), (3) fast{start SMPT (FastS), and (4) slow{start SMPT (SlowS)

are 
ompared in Figure 18 for the delay 
onstraint �

delay

= 150 mse
. While fast{start SMPT gives the

largest su

ess probability for up to 18 wireless terminals, slow{start SMPT gives only slightly smaller

su

ess probabilities in this region. In 
ontrast to the fast{start SMPT me
hanism, however, the slow{

start SMPT me
hanism does not be
ome unstable as the number of wireless terminals in
reases further.

Note that slow{start SMPT performs always signi�
antly better than sequential transmission.

4.3 Impa
t of Link Layer Bu�er Size L

Queue

In Figure 19 we plot the average jitter J as a fun
tion of the link layer bu�er size L

Queue

for 18

wireless terminals and di�erent transmission s
hemes. Figure 20 gives the 
orresponding video frame

loss probabilities. (Re
all that a video frame is lost only when one of the LPDUs 
arrying the frame �nds

the link layer bu�er full; there is no delay bound �

delay

or jitter bound �

jitter

imposed in this experiment.)

The bu�er length is given in LPDUs, where ea
h LPDU is 128 byte (and 
arries 80 byte of link layer

payload). We observe that the SMPT me
hanisms a
hieve signi�
antly smaller average jitter values

and smaller loss probabilities than the sequential transmission mode. Among the SMPT me
hanisms,

fast{start SMPT performs slightly better than slow{start SMPT.
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Figure 19: Average jitter J as a fun
tion of the link

layer bu�er size L

Queue

for 18 wireless terminals and

di�erent transmission s
hemes.
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Figure 20: Video frame loss probability as a fun
-

tion of the link layer bu�er size L

Queue

for 18 wire-

less terminals and di�erent transmission s
hemes.

While for small bu�ers the jitter and loss probabilities do not di�er signi�
antly among the transmis-

sion approa
hes, for larger bu�ers the di�eren
es are very pronoun
ed. Note that larger bu�ers result in

high 
ost end{systems. For the sequential transmission s
heme a bu�er size of L

Queue

= 20 LPDUs (=

2.56 kByte) is a reasonable 
hoi
e. For this bu�er size the average jitter is small and the loss probability

is about as small as it 
an be with sequential transmission. A larger bu�er does not provide a signi�
ant

improvement for sequential transmission. For the SMPT me
hanisms, on the other hand, a bu�er size

between 50 and 70 LPDUs (6.4 { 9 kByte) gives both a small jitter and a small loss probability.

In Figures 21, 22, 23, and 24 we plot the probability masses of the jitter J (in mse
) as a fun
tion of

the video frame size (in byte). We 
onsider the sequential transmission mode and fast{start SMPT in this

experiment. The link layer bu�er is set to L

Queue

= 20 LPDUs and L

Queue

= 40 LPDUs, respe
tively.

There are 18 wireless terminals sending one video stream ea
h in the 
ell. Note that fast{start SMPT

may transmit a video frame faster than the sequential transmission would over an error{free 
hannel.
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Figure 21: Probability masses for video frame jit-

ter J as a fun
tion of the video frame size. (Se-

quential transmission, L

Queue

= 20 LPDUs, 18

video streams.)
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Figure 22: Probability masses for video frame

jitter J as a fun
tion of the video frame size.

(fast{start SMPT, L

Queue

= 20 LPDUs, 18 video

streams.)

This results in negative jitter values J for the fast{start SMPT me
hanism, whi
h we 
ount as a jitter

of zero. We observe from the �gures that fast{start SMPT a
hieves generally smaller jitter values than

sequential transmission, with the di�eren
es being more pronoun
ed for the larger link layer bu�er. As

we have observed for the rate{
ontrolled video in Se
tion 3.3, it is also the 
ase for video without rate


ontrol that smaller video frames experien
e a larger jitter. This is again due to the fa
t that smaller

video frames �t more easily into the link layer bu�er and are more likely to be delayed by video frames

ahead of them in the bu�er. This e�e
t is more pronoun
ed for sequential transmission than for SMPT.

For the large bu�er, small frames experien
e jitter values of up to 500 mse
 with sequential transmission,

whereas the jitter values are less than 200 mse
 with SMPT.

Overall, we 
on
lude from the simulation results presented in this se
tion that the fast{ and slow{

start SMPT me
hanisms make the eÆ
ient transmission of highly variable open{loop en
oded video

over wireless links possible. The fast{start SMPT me
hanism performs very well for a limited number of

simultaneous video streams, but be
omes unstable when the number of streams grows beyond a 
ertain

threshold (of 18 streams with our parameter setting). The slow{start SMPT me
hanism performs almost

as well as the fast{start SMPT me
hanism when the number of video streams is small. In 
ontrast to

fast{start SMPT, slow{start SMPT does not be
ome unstable; it a
hieves signi�
antly higher goodput

values as well as smaller jitter values and smaller loss probabilities than sequential transmission even

for a large number of video streams. Thus, slow{start SMPT appears to be a good 
hoi
e as link layer

transmission me
hanism for video en
oded without rate 
ontrol.

5 Con
lusion

We have studied the un
oordinated real{time transmission of video by distributed wireless 
lients in

a wireless 
ell. We have demonstrated that simple to deploy Simultaneous MAC Pa
ket Transmission

(SMPT) me
hanisms enable the eÆ
ient transmission of video with tight real{time 
onstraints on the
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Figure 23: Probability masses for video frame jit-

ter J as a fun
tion of the video frame size. (Se-

quential transmission, L

Queue

= 40 LPDUs, 18

video streams.)
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Figure 24: Probability masses for video frame

jitter J as a fun
tion of the video frame size.

(fast{start SMPT, L

Queue

= 40 LPDUs, 18 video

streams.)

order of 150 mse
, thus enabling real{time appli
ations, su
h as video 
onferen
ing, games, and tele{

medi
ine. For video en
oded with rate 
ontrol we found that the slow{healing SMPTme
hanism a
hieves

high goodput and small video frame loss probability while supporting a large number of simultaneous

video streams in the 
ell (i.e., giving high 
ell 
apa
ity). For the more bursty video traÆ
 resulting from

en
oding without rate 
ontrol we found that the slow{ and fast{start SMPT me
hanisms provide eÆ
ient

transmission s
heduling to a
hieve a high 
ell 
apa
ity and good video quality. The slow{start SMPT

me
hanism is parti
ularly resilient and degrades gra
efully as the load on the 
ell in
reases. We studied

the impa
t of the link layer bu�er, the only hardware 
omponent required by the SMPT me
hanisms.

We gave guidelines for the dimensioning of this bu�er.

While we 
onsidered the transmissions from distributed wireless terminals to a 
entral base station in

a 
ellular wireless network in our simulations, we emphasize that the presented SMPT me
hanisms 
an

be deployed readily in ad{ho
 wireless networks. The SMPTme
hanisms do not require any 
oordination

of the transmissions among the distributed 
lients, and 
an thus be used for point{to{point transmissions

in a 
luster of a wireless ad{ho
 network.

We also note that throughout our fo
us has been on me
hanisms that are low in 
omplexity and 
ost

and easy to deploy yet give tangible performan
e gains, rather than �nding more 
omplex me
hanisms

that further enhan
e the performan
e. The des
ribed SMPT me
hanisms work ex
lusively at the link

layer of the sending wireless terminal and do not require any information from higher proto
ol layers.

Thus preserving the isolation of the layers of the networking proto
ol sta
k and redu
ing 
ost and


omplexity. Given the simpli
ity of the des
ribed me
hanisms there are several avenues for future

resear
h and re�nement. For instan
e, a re�ned me
hanism 
ould take advantage of the deadlines of the

video frames for the s
heduling at the link layer. This re�ned s
heduling algorithm would drop a frame

that will miss its playba
k deadline at the re
eiver and instead start to transmit the next video frame.

(Re
all that the simple me
hanisms studied in this paper do not assume any knowledge of the frames'

deadlines and simply transmits all the LPDUs in the link layer bu�er.) Note that the re�nement would

18



add 
omplexity sin
e its needs to obtain the frame deadlines (for instan
e by parsing the RTP header).

The re�nement would improve the performan
e and the 
luster (or 
ell) 
apa
ity by not transmitting

video frames that would miss their playout deadline and thus redu
ing the interferen
e level.
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