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Abstract— Providing Quality of Service (QoS) for Internet-
based video streaming applications requires the server and/or
client to be network-aware and adaptive. We present a dynamic
rate and quality adaptation algorithm where the server variesiits
sending rate (without varying the quality level) to adapt to the
network and client conditionsand only as a last resort, does qual-
ity adaptation. We placethe adaptation logic at the dient sinceit
has better knowledge about both the demand (buffer conditions,
variable bit-rate requirements) and supply (network conditions).
Our approach is unique because the server's ending rate is
calculated based on the dient's varying demand (consumption
rate) and the network status. Also, we do not model the network
as a black-box but instead augment endpoint observations with a
feadback from the network to represent its gatus more precisely.
To make an informed adaptation dedsion, the dient requires 9zes
of all frames in the variable bit rate video. But the overhead
involved in sending this metadata is dgnificant. So we propose a
lossy compresson technique to reduce the amount of control
information and consequently the overhead. We also present
a scheduling agorithm, DART (Dynamic Scheduling Algorithm
for Reduced Trace delivery), to deliver the compressd control
information to the dient. This algorithm can be used to deliver
any form of metadata (like subtitles, alerts etc), espedally in
applications like IP-TV. Simulations show that the proposed
techniques can significantly improve user percaved QoS when
compared to other popular adaptation methods.

Index Terms— Rate adaptation, QoS, underflow curve, trace
compresdon, metadata delivery, |P-TV

I. INTRODUCTION

Internet based video streaming applicaions like IP-TV,
video-conferencing, video classooms etc. are gaining in-
cressed popuarity and are being widely deployed [1], [2].
In these goplicdions, the server transfers the requested audio-
visua content to the dient as a continuows grean and the
client consumes the data &s it arrives. Such multimedia gpli-
caions have stringent timing requirements for data consump-
tion. The dient can use amedia unt only if it is delivered
on time. This requirement impaoses bandwidth, delay and loss
demands on the underlying network that is resporsible for
delivering the data. But in a best effort network like the
Internet, network parameters such as delay and bandwidth vary
unpredictably providing no garanteeon timely delivery. This
mismatch forms the fundamental challenge in streaming video
over the Internet.

A widely accepted technique to courter this challenge is
network-aware demand adaptation. Network aware gplica
tions ense the varying resource avail ability and acordingly

adapt their demands. [3] proposes a framework for network-
aware gplications to provide end-to-end Quality of Service
Network aware adaptation mechanisms operate in two distinct
steps. a) Evaluate the status of the network. b) Based on
this evaluation, perform adaptation, that maximizes the user
perceived quality. One of the key contributions of this paper
is such an adaptation technique for video that is nat only
network-aware but is also conscious of the quality at the dient.

Many methods have been proposed to tradk the rapidly
changing network condtions. A popuar approac is to model
the network as a black box and use end-point observationslike
padket lossratio, arrival rate dc. to dedde the network status.
We ague that with more information about the network, finer
adaptation dedsions can be made to maximize the perceived
quality. We enploy a simple ECN-like mecdanism [4], at the
core routers, to gather badlog information and hence do na
impose mnsiderable control overhead.

The aaptation steps shoud maximize the user QoS for the
given network condtions. This means that frequent changes
in quality shoud be avoided and paybadk at the dient shoud
be mntinuows. The proposed adaptation algorithm strives to
ensure both. The problem is further complicated for variable
bit-rate (VBR) video where the bandwidth demand o the
client varies over time. Hence the proposed strategy uses
information abou the network, current buffer occupancy at
the dient and future requirement of the video to make fine-
grained adaptation dedsions.

To estimate the bandwidth requirement, our scheme requires
video-spedfic metadata; in particular sizes of all frames in
the video. This requirement poses two challenges: 1) The
amourt of metadata required for typicdly accessed video
streams, like movies, is high and hence causes considerable
overhead. 2) Delivering the control data to the dient poses
unique dhallenges like time-sensitivity, reduced startup delay
and controlled bandwidth overhead.

To address the first problem, we propose a losyy com-
presson scheme to approximate the underflow curve. (The
underflow curve is a aumulative function o the frame sizes
of a video.) Our simulations show that we can reduce the
control overhead by upo 94% withou significantly affeding
the adaptation dedsions. To tadkle the second poblem, we
propose ascheduling algorithm cdled DART. In this <heme,
we deliver aminimal amourt of control data eheal of playbad
and multiplex the remaining control data dong the media
stream.
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Fig. 1. Unified architedure for video and metadata delivery

This paper makes three primary contributions.

o We show that it is possble to dyrnamicdly adapt the
bandwidth demand to the network condtions withou
aways compromising on \video quality. (Sedion IlI)

o We present a methodto compressthe aontrol information
and hence reduce the overhea involved in its delivery.
(Sedion 1V-A)

o We present a scheduling algorithm, DART (Dynamic
Scheduling Algorithm For Reduced Trace delivery), to
deliver the metadata to the dient in a bandwidth-efficient
and retwork-aware fashion. (Sedion IV-B)

Figure 1 shows the proposed urified framework to tackle
the isaues discused in the aowe paragraphs.. The cre of
this framework is the adaptation logic which uses the demand
andysis unit (User QoS) and the supdy andysis unit (Network
QoS) to make adaptation dedsions. The demand andysis unit
uses the underflow curve supgied by the control data acqui-
sition unt and feedbadk on user perceved quality to estimate
the amourt of data needed in the future. The supdy andysis
unit uses the network feedbadk and performance prediction to
estimate the anount of data that will be recaved in the future.
A mismatch between the demand and the suppy triggers an
adaptation step. All adaptation dedsions are conveyed to the
server, as commands, throughthe command chanrel.

The rest of the paper is organized as follows. In the next
sedion, we discussrelevant principles of network aware rate
adaptation. In Sedion Ill, we present a scheme for dynamic
rate seledion followed by a complete rate and quality adap-
tation algorithm. Sedion IV-A describes our approximation
scheme to compressthe underflow curve. DART, an agorithm
for delivering the reduced traceto the dient, is described in
Sedion IV-B. Sedion V presents related work and Sedion VI
concludes the paper.

II. PRINCIPLES OF NETWORK AWARE RATE ADAPTATION

The 3Rate technique [5] shows that with limited additional
knowledge on network condtions, the sending rate of the
video can be controlled to avoid frequent quality changes and
hence improving perceved quality. We use this finding as the
underlying premise in this work. However in [5], only three
rates are used and these rates are chosen in a static fashion
without knowledge of the network condtions. In Sedion III,

we point out the necessty of network-aware seledion o the
sending rate and present a technique to chocse it dynamicdly.

A. Network Satus Evaluation

To adapt to the varying network conditions, the dient shoud
have fairly acarate information abou the network status.
Current network status can be evaluated using two observa-
tions: available bandvidth and retwork backiog. Available
bandwidth is determined throughend-paint ohservations whil e
network badklog status is obtained by a feedbad mechanism.

a) Available Bandwidth : The ariva rate, R,, is
periodicdly measured, at the dient, using the packe train
technique [6]. The results are used to qualitatively estimate
the available bandwidth, B,, as shown below:

If R, < Rs then B, < R,
If R, > R, then B, > R,
where R, is the transmisgon rate of the server.

b) Network Backlog: Multilevel ECN (MECN) [7], an
adive queue management strategy, is used to provide feedback
abou the badclog status at the core routers. MECN capable
routers define three queue length thresholds: min_th, mid_th
and max_th. They mark the beginning o incipient, moderate
and severe mngestion. During incipient and moderate n-
gestion the outgoing padkets are marked with '10° and '171’,
respedively. with certain probability. The ECN bits of a packet
show the state of the most congested router in the path.

B. The 3Rate Adaptation Sheme

Due to varying network condtions, the ariva rate & the
client fluctuates compared to a constant sending rate. The
client’s buffer is used to cushion these fluctuations. If the dient
experiences alow arrival rate for considerable amourt of time,
starvation may occur and the dient is forced to switch to a
lower quality level with lower bandwidth requirements. The
3Rate scheme tries to postpore, and passhbly avoid, such a
quality drop by increasing the server's snding rate hopng
that the arival rate would consequently increase. However,
the rate increase is dore only when there is no congestion
in the network and quality drop is requested when there is
congestion.



TABLE |
THE 3RATE ADAPTATION SCHEME

Case R, < Rs ECN Buffer after Adaptation
Value rit=k frames Dedsion

1 false 00 w; < k < wp inc. quality
2 true 00 w; < k < wp, nore
3 true 00 k< w inc. rate r— 7y,
4 true 10 w; < k < wp nore
5 true 10 k< w dec. quality
6 true 11 - dec. quality
7 false k > wp dec rater— r;

For eat quality level there ae threesending rates: the high
rate r;,, the default rate r, and the low rate r;. The dient can
request from the server a temporary switch to either r;, or
r; in an attempt to increase or deaease the ariva rate. The
network status and the dient buffer occupancy are periodicdly
evaluated, and either rate or quality adaptation is dore &
shownin Tablel. Two bufer thresholds, low watermark w; and
highwatermark wy,, are defined to predict the buffer underflow
and owerflow, respedively. Buffer after rtt is the predicted
buffer occupancy (in number of frames) after one rtt (round
trip time). It is cdculated by predicting the anourt of data
(in bytes) that would be receved in the next rtt and mapping
it onto the frames that follow in the play-out order. So it is
asaumed that sizes of all video frames are known beforehand.
To summarize, [5] shows that with additional information
abou network status, the server’s sending rate can be varied to
maximize perceived quality. In the next sedion, we first argue
why choaosing a-priori values for r r;, or r; is not optimal and
then provide tehniques to chocse them dynamicadly.

I1l. DYNAMIC RATE ADAPTATION

The 3rate dgorithm staticdly defines three sending rates
rn, 11, 7. The dient requests the server to send at a higher
rate r;, or switch to a lower rate r; based on its buffer
occupancy and network condtions. In Sedion IlI- F we show
by simulation results that switching to the staticdly chasen
sending rates r;, and r; may nat be optimal. To explain these
observations theoreticdly, consider the following cases.

Rate increase is requested when buffer underflow is pre-
dicted. But if the pre-determined value of r; is nat high
enough the consequent increase in the arival rate & the
client may not be sufficient to avoid underflow. On the other
hand, when r;, is higher than what is required to avoid
uncerflow, the dient is being uracourtably aggressve in
aqquiring bandwidth. Symmetric cases can be found for the
rate deaease cae. Therefore, choosing sending rates withou
taking the network condtions and the dient buffer occupancy
into consideration may leal to sub-optimal results.

In the next two sedions we present algorithms that seled
rate dynamicdly for both rate incresse and deaease. For now
we dill asaume that the dient knows the entire underflow
curve before playbad starts. In Sedion IV we will present
techniques to relax this assumption.

A. Algorithm for Dynamic Rate Increase

A rate increase is done when the dient faces a buffer under-
flow and there is no incipient congestion in the network. The
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Fig. 2. Seleding minimum required arrival rate,a.,in

proposed algorithm dynamicdly cdculates the new sending
rate in two steps. We first find a target arrival rate & the
client, which will avoid the buffer underflow. Then we find
transmisson rate that will result in the targeted arrival rate.
The new sending rate is a function o the targeted arrival rate
and the resporsiveness of the network and is computed as:

Tnew = (1 + Sf)ﬁamln (1)

where: § is the network resporse index and a,,;, is the
minimum arrival rate required to avoid buffer underflow. S
is the safety fador (0 < S; < 1) to make sure that we do
dightly better than the minimum. Network resporse index is
cdculated as 7y / @eur, Where r.,,. isthe arrent transmisson
rate and a.,, is the correspondng arrival rate. Figure 2
shaws an example of sdleding amin. Tnew represents the
minimum transmisson rate required for the arival rate to
reat value a,,;,. The cdculations are dore & the granularity
of a singe frame playbadk time in a discrete time model
adopted. Spedficdly, the minimum arrival rate required is
computed as:
22:1 fi— Z’f;l:l fi
— @
1
where: t1 = teyr + 1tt, to = teyr + 2rtt, tey,r iS the time
at which the rate increese step is initiated and f; represents
the size of the frame that is played ou at time i. Let 7 be the
value of ¢ for which the maximum is readed in Equation 2
The length of the time interval for which the rate increase has
to be gplied must be no shorter than ¢ — ¢,. Requesting rate
increase for longer time intervals will make the scheme more
aggressve.

The fundamental aim of the rate increase is to bridge the
gap between the observed and required arrival rate. When the
network is not resporsive, the sending rate shoud be greder
than a,,;, to boct the arival rate to a,,;,. B quantifies
this degree of slugdshness in the network. The higher the
difference between the sending and arrival rate, the less
resporsive the network is to any rate changes and higher the
value of 3 will be. The requested rate is always the minimum
needed and so the degree of aggresson is under cortrol.

To address a similar problem in a different setting, TCP-
Vegas [8] tradks the relation between observed arrival rate
and expeded arrival rate to control the window size Its
fundamental contribution, over other previous flavors being,
that TCP-Vegas can proadively adapt the window size before

max
t1<t<ts

Qmin =



Algorithm 1 convertToFrames(data)
1: courter=0; frames=0

2: while counter < data do

3 courter = courter + fr_ ., +i

4. frames = frames + 1
5
6
7

i =i+ Ufps
. end while
. return frames

congestion (padket drops) adually setsin. Thisalso avoidsto a
certain extent frequent rate oscill ations of the sender. D-Rate
posesEs both these dharaderstics which are very esential
for maintaining consistent video quality in streaming video.
Hence, the philosophy keind the proposed D-Rate scheme is
similar to TCP-Vegas.

B. Algorithm for Dynamic Rate Decaease

A buffer overflow condtion typicaly arises when network
congestion is cleaing up and ore or more rate increases
were requested in the past. By transmitting at a higher rate,
we posshly send more data into the network than what the
client buffer cen handle. This data readies the dient when the
network badklog cleas up causing bufer overflow. To hande
this dtuation, the rate deaease step is used. The dient kegps
tradk of the additional amourt of data sent AD as compared
to the default transmisson schedule with sending rate r. The
new sending rate is cdculated as:

AD
3
Atdec ( )
and At 4. isthetime for which rate deaease is requested. The

maximum value of Aty isbounded by the predicted time to
overflow. This can be cdculated as foll ows;

Tnew =T —

rtt fenr A
mazAt : b(teyr) + (7‘(7 + At) — AD) — Z fi<B

i=tcur
4
where b(t...,-) is the buffer occupancy (in bytes) at time ¢,
when the request is made. f; is the size of the frame that is
played ou at time ¢ and B is the size of the dient buffer.

C. Algorithm for Quality Increase

After sufficient “no congestion” history has been built,
quality of the video stream can be increased. One technique
to increase qudlity is to request the server to shift to the
higher quality versionin a single aomic step [9]. We refer to
this technique @ the single step method We instead increase
the quality of the video in two phases. In the first phase,
bandvidth probing, we oondwct rate increasse experiments
to ched if there is enough available bandwidth to suppat
the higher quality video. In the next phase, we increase the
quality if enough kandwidth was foundto be avail able. Doing
quality increase in two phases provides two advantages over
the single step method Firstly, consider a cae wherein the
available bandwidth is not sufficient to suppat the higher
quality stream. When the single step methodis used, it results
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in congestion and consequently results in quality drop. Our
method, on the other hand, tests for bandwidth availability
with rate increase steps (withou varying the quality). So
when congestion is imminent, the rate is dropped and quality
incresse is auspended. The dient is unaware of afailed quality
incresse experiment. So the percaved QoS is not affeded.
Next, [10] shows that by diredly shifting to the higher quality
video, the bandwidth demand o the dient increases by a
large amourt instantaneously. Thisis unfair to competing TCP
applicaions that increase their bandwidth demands additively.
So to be fair to competing TCP applications, we increase our
bandwidth demand additively and then smocthly shift to the
higher quality video.

Bandwidth probing: In this phase, the sending rate of the
video is increased by a small step (AR), for a duration At,
and the result on the network is observed. While there is
no indicaion o congestion, we repea the rate incresse and
network observation steps until the sending rate reades a
value greder than or equal to the bandwidth of the higher
quality video (R, ). However if congestion is indicated, we
immediately suspend the experiment and remove the extra data
from the network with a rate deaease step.

The rate incresse steps, may cause overflow of the dient
buffer becaise the inpu rate to the dient is increased bu
the consumption rate remains the same. So hefore initiating
the bandnidth probing phase, we chedk if the dient has extra
buffer to suppat the experiment. Let R, be the sending
rate of the video before bandwidth probing is darted and let
Negp be the total number of rate incresse experiments. AD
represents the extra amourt of data pushed into the network
due to the bandwidth probing phese.

Rnew_Rcur
flezp = AR
AD = > (Reur +i.AR).At (5)

=1

D. Dynamic Rate, Quality Adaptation

In this sdion we present a complete adaptation algorithm
that uses the dynamic rate seledion schemes described in
previous ®dions. We first interpret the resource avail ability
metrics and then proceel to describe the adaptation algorithm
itself.
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1) Network Resource Availability Metrics :

a) Network Backlog: The ECN value in ead incoming
padket is used to interpret the network badlog. If a padket with
ECN valueis’10 isrecaved, it means that the first threshold
isreaded in at least one router and hence, rate shodd na be
increased further. A value of '11' prompts a quality drop.

b) Arrival Rate: The aurrent arrival rate is cdculated
every At seonds as: r, = (> p;/At) where p; is the padket
size The predicted arrival rate for the next At is cdculated
using the exporentia smocthing technique. The parameter 1
controls the weight given to history.

To(t +1) = pra(t) + (1 — p)ra ©)

2) Client Metric: Buffer Occuparcy. The buffer occupancy
is predicted 2rtt into the future based onthe arival rate. The
buffer occupancy after At seconds from the aurrent time ¢,
is cdculated by adding to the aurrent buffer occupancy, the
diff erence between number of frames expeded to be receved
and the number of frames that will be consumed in At:

buf(teur + At) = buf(tewr) + E(Fa * At) — fps* At

k+n
{max n : Z fi <=d} @)
i=k+1
where: 0 < At < 2rtt, k is the highest frame index in
the buffer and fps is the consumption rate. The function £()
uses the underflow curve (cumulative function o frame sizes)
to trandate the predicted amourt of data that will arrive to
number of frames. Algorithm-1 shows the pseudocode of the
function £(). We predict 2rtt into the future, because rtt is the
minimum time required for the rate change request to take
effed.

3) The Adaptation Algorithm (D-Rate): Periodicdly, the
client measuresthe roundtrip time (r¢t) and arrival rate (ac.;).
Based on this, the buffer occupancy after 2rtt is predicted.
When bufer underflow is predicted and there is no congestion,
the dient requests rate change to 7., (dynamic courterpart
of r, in 3Rate) asin Sedion lll- A. For a buffer overflow case,
the dient cdculates r,,¢., (dynamic courterpart of r; in 3Rate)
as in Sedion lll- B. After sufficient no congestion history has
been bult, quality increase is done & described in sedion
[lI- C. Other cases are handled as in Table I. When quality
drop hes to be dore, the level to which quality is dropped
depends on the severity of congestion indicated by the ECN
value. When the dient requests a change in the sending rate,
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the value of r.,, is correspondngly updated.

To summarize, our scheme takes the network and client con-
ditions into consideration before requesting a rate adjustment.
In therate increase case, if the network is very resporsive, i.e.,
8 — 1, then we requested rate r,c, — amin. ON the other
hand if the network is duggsh, we request a higher rate & (8
is high. The rate deaease is a compensation step to remove
the extra data pumped into the network and return the dient
to its default schedule.

E. TCP Fiendinessof D-Rate

TCP FHiendiness and maintaining constant video quality
are two conflicting, yet important, demands that | nternet-based
video streaming applicaions shoud address We highlight in
the following paragraphs ome salient feaures of D-Rate that
make it TCP-friendly. However we point out that there is
scope for improvement of the D-Rate scheme on the TCP
friendlinessaspeds (eg. a slow start phase neels to be added).

1. Controlled Rate Increase Steps: A rogue rate increase
step in D-Rate can lead to urfair consumption o bandwidth
and starving competing TCP applicaions. But DRate al-
dresses this concern by controlling the rate increase in three
fronts: magnitude, duration and frequency. First of all, the
maximum rate that can be requested by a rate increase step is
bounced by a system defined parameter R4 Rimaz CaN be
adjusted based on the history/knowledge of the downstream
link charaderstics or equation-based TCP friendliness tech-
niques [11]. Next we dways request a rate increase for a
bounckd duration, set in our experimentsto 1 second Finally,
the dfed of a rate increase on the network is carefully
monitored before requesting the next one. This ensures that
the frequency of rate increase is also uncer control.

2. Pre-emptive Quality drop: The rate increase step is
employed ornly when we have no signs of congestion in the
network. When there ae signs of congestion, as observed over
a small moving window, D-Rate requests for a quality drop
(to reduce its throughpu by atleast 0.5) in anticipation o a
congestion. This pre-emptive quality drop step strikes a good
balance between being TCP friendy and at the same time
maintaining smooth quality at the dient.

F. Evaluation andResults

In this ®dion, we present simulation results to ill ustrate
the salient feaures of the D-Rate scheme. We dso compare
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the performance of the D-Rate scheme with that of the 3Rate
and the pure quality adaptation schemes under various traffic
and inpu video trace ondtions. The pure qudity adapation
scheme is a generalization d all those schemes [12] [13] [14]
that trea rate synonymoudly with quality. In this genre of
techniques, adaptation (to network and bufer condtions) is
dore only by atering quality. Therefore cae 3 in Table | is
handed by a quality drop and case 7 (buffer overflow) will
not occur for afeasible transmisson schedule. Other cases are
handed exadly same & described in Table I.

1) Smulation testbed: We use ns2 [15] to simulate our
architedure shown in Figure 1. Figure 3 shows the predse
simulation model that we use in our experiments. The simu-
lation model consists of threedistinct comporents:

e Video server and Client: The VoD server sends data
at a spedfied rate over UDP. The dient based on the
consumption demand and retwork status, sends adap-
tation commands to the server through a reliable TCP
conredion.

o MECN capalle routers: We simulate the network cloud,
shown in Figure 1, with 10 intervening nodes. These
nodes (routers) mark outbound @dets using the MECN
scheme & described in Sedion Il

« Crosstraffic generators: We generate UDP cross traffic
in order to explicitly control the bandwidth available to
the video stream. A combination o CBR and pdson
traffic generators within the network cloud generate aoss
traffic on intervening routers. The video stream interads
and competes with the CBR crosstraffic a& eah hopas
shown in Figure 3. We vary the rate of the aosstraffic to
vary the badklog at ead router. This indiredly controls
the arival rate and the congestion level in the network.

2) Scenario-1: In the first scenario, we demonstrate the
network awareness and dyramic rate seledion properties of
the D-Rate scheme. The video tracefor MPEG-4 encoded Star
Wars [16] is used in this experiment. The scheme described in
[17] is used to determine the default sending rate of the server.
The underflow curve and transmisson gan for this traceis
shown in Figure 4. We increase the rate of the aoss traffic
between 55 and 70sec so that the arival rate & ead hopis
greder than the link cgpadty. This increase builds up badlog
at the intermediate routers and is hown in Figure 5. It can be
observed that the queue lengths do nd exceel the minimum
threshold min_th and hence there is no risk of congestion.
The influence of the badklog onthe ariva rate is shown in

Time (sec)

80 - 100 120 0 20 40 60 80 100 120
Time (sec)

Scenario-1: Sending Rate for 3Rate, D- Fig. 9. Scenario-1: Arrival Rate for 3Rate, D-Rate
Rate and pue quality schemes

and pue quality schemes

Figure 6. It can be observed that the arival rate is less than
the sending rate during the period 5%70s.

A dip in the ariva rate causes underflow to be predicted
acording to Equation 7. Since there is no indicaion o
congestion, both the 3Rate and the D-Rate schemes request
rate increase. However the pure quality scheme resorts to a
quality drop. Figure 7 shows the dient buffer occupancy for
the 3Rate and the D-Rate schemes. It can be seen that buffer
uncerflow is avoided in the D-Rate scheme while it happensin
the 3Rate case. Thisisbecaise, in the 3Rate case, the staticdly
chosen high rate, r;,, is not high enoughto avoid underflow
for the given network conditions. The pure quality adaptation
avoids buffer underflow (not shown in figure) becaise the
bandwidth demand o the dient is sgnificantly reduced by
dropping the quality level. Figure 8 shows the sending rate
for ead scheme and Figure 9 shows the correspondng arrival
rate. The arival rate for the D-Rate case is sgnificantly higher
than the 3-Rate, in the interval 70-80s, due to higher sending
rate seledion. In the pure quality case, the dropin the sending
rate (and consequently arrival rate) at 70s, corresponds to the
quality drop requested.

The D-Rate dgorithm initially requests a higher rate and
consequently the arival rate increases reducing the risk of
underflow. (The safety fador Sy used was 0.1) The subse-
guent rate increases are of leser magnitude demonstrating the
adaptivity and fairness of the scheme. The four rate increase
steps (of varying magnitude) cause extra data to be pushed
into the network. When the badlog cleas, the extra data
reates the dient causing risk of overflow. So a rate deaease
step is required at 92s. The sending rate is dropped to 0.01
Mbps for 1.5 seconds to remove the extra data in the buffer.
Summarizing the results of this experiment: with the D-Rate
scheme, the dient does not experience aquality drop (pure
quality scheme) or a discontinuity in playbad (3Rate scheme).
This provides better user perceved quality for the same dient
and network condtions.

3) Scenario-2: In the next set of experiments, we analyse
the TCP friendliness of the D-Rate scheme during the rate
incresse and quality deaease steps. We dtach a TCP-Vegas
source (a ftp applicaion) to the video server node and a
TCP sink to the video client. This stup ensures that the
TCP flow and video strean share intervening bdtlenedk links.
We increase the bandwidth of links by 0.422 Mbps to ensure
that the TCP flow gets a fair share of bandwidth duing no
congestion periods. First we repea the experiment in Scenario-
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1 with the new setup and olserve the throughpd of the
TCP flow. We observe that the buffer occupancy, arrival rate
and sending rate charadersitcs of the video strean are very
similar what was observed in Scenario-1. Figure 10 shows the
throughpd and window size of the TCP flow. We see that
althoughthe TCP throughpt drops by a small amourt during
the rate increase step (62-69 seq), it regains it pretty quickly
soon after. Also since D-Rate requests for a rate increase only
when there is no evidence of congestion in the network, it
does not cause areduction in TCP's window size (as e
in the upper part of Figure 10). In the next experiment, we
increase the rate of the aosstraffic so that the ECN padkets
are marked 10. When faced with a possble underflow and
signs of congestion in the network, D-Rate drops the quality
by 0.5 predicting impending congestion (see Figure 11). The
TCP sender also throttles its throughpu rapidly and regains
equally quick. D-Rate tries to smocthen ou the rate changes
so as to na affed the quality of the video stream adversely.
After the quality drop, suffient no congestion history needs to
be established before aquality increase can be requested. Also
the D-Rate scheme is e to be abit sluggsh in reducing its
throughpu when compared to the TCP flow. The suggshness
is acouned to the value of the low watermark level w; which
was st to 10 frames. With higher values of w;, D-Rate can
be more readive in adjusting its rate in such situations.

4) Scenario-3: In this experiment, we further ill ustrate the
behavior of the D-Rate adaptation algorithm with higher levels
of badklog at the re routers. We simulate network and client
condtions correspondngto cases 3, 4, 6 in Table | and study
the behavior of the D-Rate scheme. We use the video trace
of The Firm in this experiment. The underflow curve and
transmisdon pgan of the video is shown in Figure 12.

This experiment was carried out in three phases. In the first
phase (time period 0 - 75s), the rate of the aoss traffic was
adjusted to keep the badlog below the minimum threshold
min_th. At around 6%, buffer underflow is predicted and rate
increese is dore.(refer Figure 13) It was observed that even
without any (rate) adaptation, buff er underflow does not occur.
But the rate increase adion taken by the D-Rate dgorithm is
warranted becaise no information is available on hav long
the network badcklog may last.

In the second plese (time period 75- 959), the rate of the
cross traffic is increased further to push the badklog above
min_th but below the middle threshold mid_th. As a result the
ECN bits of padets leaving the routers are marked '10'. The

for the video:The Firm

client understands this as a sign o of incipient congestion.
As the buffer occupancy is hedthy (shown in Figure 14),
the dient does not perform any adaptation.(refer Figure 13)
Quality would have been dropped if buff er underflow/overflow
was predicted.

In the third phase (time period 110- 117), the badlog is
pushed higher above mid_th but below the maximum threshold
max_th. This is dore by increasing the rate of the aoss
traffic higher than in phase-2. Consequently, the ECN bits of
outgoing padkets are marked with ' 11'. The dient immediately
requests quality drop on recdving a padket with ECN bits
marked '11'. However there is a smal delay in the time &
which server responds to the quality change request. This is
because, the quality can be changed orly at frame boundhries.
The ECN values and sending rate changes are shown in the
same graph (Figure 13)) to ill ustrate the correlation between
the two quantities.

The 3Rate adaptation scheme behaves exadly same & D-
Rate in phases 2 and 3 However in the rate increase step
of phase-1, the rate r, is %t to 1.4 Mbps. Rate increase
is requested twice @ in the D-Rate cae But the etra
aggressveness (total amournt of extra data pushed into the
network) is unacourted for because D-Rate rate seledion
algorithm shows that an aggregate lower rate is afficient to
avoid uncerflow. The pure quality scheme, on the other hand,
drops quality twice (Phase-1 and Phase-3).

5) Scenario-4: In the following experiment, we demon-
dtrate the quality increase dgorithm in the D-Rate scheme
(refer Sedion 1lI- C) using the trace of the video, The Firm.
The default quality level has an average bandwidth require-
ment 0.5 Mbps. The next higher level requires 0.75 Mbps and
the highest quality level has an average bandwidth requirement
of 1.0 Mbps. The bandwidth of the server-client path is st
to a value greaer than bandwidth requirement of the highest
quality level.

The rate of the aosstraffic is chosen such that the band-
width avail able to the video stream islesser than bandwidth re-
quirement of the highest quality level. The avail able bandwidth
is however sufficient to service the previous quality level.

B(Qmam - 1) < Ba < B(qmaz)

where B, is the available bandwidth and B(q) is a function
that provides the bandwidth required for a quality level q.
Quality increase experiments are started twice (at 40s and 80s)
after building sufficient no congestion history. The increment
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amount (AR) used was 0.025Mbps. Figure 15 shows the
ECN values and sending rates for this experiment. The second
quality increase step is uspended at the bandwvidth probing
phase because the min_th threshold is readed in atlesst
one of the router queues. However, since the seoond quality
change has nat yet been requested, the user does not perceive
fallure of the second quality increase experiment. Therefore
the perceived QoS is not affeded when a quality increase
experiment fails. To summarize, we see that over a wide
range of network condtions, D-Rate scheme can provide better
perceived quality by leveraging on knavledge of the network,
video and client charaderstics.

IV. CONTROL DATA COMPRESSON AND DELIVERY

We saw in the Sedion IlI-D.2 that the alaptation algo-
rithm requires the underflow curve. This requirement presents
two challenges. First, the overhead incurred due to sending
this control information can be substantial. For example, the
control overhead (amourt of control information/amourt of
media data) for Jurasdc Park (24MB, 89997frames, 8 bytes
of control data per frame) is 3%. This means that on the
average, metadata consumes 3% of the bandwidth. For small
frames (commonin low quality video) metadata consumes up
to 16% when seen ona per-frame basis. Sedion IV-A presents
a technique to reduce this overhead.

The second challenge is posed by the fad that the control
information, like media data, is time-sensitive. Sending the
entire control information before start of playbadk increases
the startup delay, which is undesirable. In Sedion 1V-B,
we describe a scheduling algorithm (DART) for interleaved
delivery of the control information and the media data.

A. Control Data Compresson

The amulative function o the frame sizes with resped
to their play-out times is known as the underflow curve. We
approximate the underflow curve with a piecewise linear
function. The portion o the underflow curve for ead pieceis
represented by the pair (N,, D,) where N, is the number of
frames and D, is the amourt of data contained in the portion
p. A linea approximation is chosen, over a more acarate
polynomial function becaise the aurve fitting processis less
computationally expensive. The server chooses a maximum
tolerable per-frame aror Ae and reaursively splits the under-
flow curve into smaller portions until all portions stisfy the

80 100 120 0 20 40 60 80 100 120
Time (sec)

Algorithm 2 convertToFramesWithReducedTrace data)
1: courter=0

frames=0

: update(p,C,n);

: while courter < data do

1) = R=%

Np—n
courter = courter + f(p)
frames = frame + 1
i += 1/fps
update(p,C,n)
end while
return (frames)

© 0N g b

[
PO W

condtion |f — fil < Ae, Wheref = %. is the estimated
frame size ’

1) Client Algorithm for reduced trace The adaptation
algorithm exeauted by a dient conwerts the amourt of data
predicted to be receved into the number of frames. (Function
&() in Equetion 7 and pseudocode convert_to_frames() in
Algorithm-1) The number of frames n,(d) for d bytes of data
belongng to pation p is cdculated as:

np(d) = d/ f] ©)

Asmoredataisrecaved in pation p, the estimated frame size
can be recomputed for higher acaracy as:

D,-C
N, —n

where C' and n are the amourt of data and the number of
frames alrealy receved in partion p, respedively. A modified
version o the convertToFrames agorithm is shown in
Algorithm-2. The function update(p, C,n) updates the total
amourt of data, C, and total number of frames, n, receved in
portion p. We refer to the dgorithms in Algorithms 1 and 2
as the prediction dgorithms.

2) Evaluation and Results: The underflow curve of Star
Wars is approximated into 140 linea regions, thus reducing
the control overhead by 934%. The experiment described in
scenario-1 of Sedion IlI-F is repeaed with the dient using
the reduced trace Figure 16 shows the sending rate chosen by
the adaptation algorithm with the full trace ad compressed
trace The rate increase steps in the reduced trace cae is £
to push more anount of extra data (0.81 Mb) into the network
when compared to the full trace cae (0.62 Mb). So the rate

f= ©)
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deaeese is applied for a longer duration (1.9 seg. Figure 17
shaws the correspondng bufer occupancy for ead case.

We reped the experiment described in scenario-3 of Sec
tion Ill- F with a reduced traceof The Firm. The compressed
trace ontains 730 (NN, D,,) pairs and this reduces the control
overhead by 61%.

The prediction dgorithm uses the underflow curve and the
measured arrival rate to estimate the buffer occupancy after
2rtt.(Refer to Algorithms 1 and 2 This estimate drives the
adaptation process as described in Sedion IlI-D . Figure 18
shaws the dfed of the reduced traceon the acwracy of the
prediction algorithm. The y-axis shows the absolute diff erence
between the outputs of the prediction algorithm while using
the complete trace ad the gpproximated trace The adaptation
algorithm is most vulnerable when there is a significant
approximation error, in the output of the prediction algorithm,
couped with an adaptation step. We examine this condtion
in the aurrent experiment. Figure 19 shows the sending rates
chosen by the D-Rate scheme for the full trace ad reduced
trace caes. We seethat a higher sending rate is chosen during
the rate increase step while using the compressed trace This
leadsto overall higher buffer occupancy as shown in Figure 20.
The eror in the chosen sending rate is introduced due to the
error in the output of the prediction algorithm.

Thus, with these experiments, we concludethat it is posshle
to reduce the amournt of control information significantly
withou adversely aff eding the performance of the adaptation
algorithm. However, the chosen per-frame eror Ae play avital
role in the overall error in the aaptation dedsions.

B. Delivery of Control Data

The prediction dgorithm (shown in Algorithm-2) uses the
approximated underflow curve (set of (N,,D,) pairs) to
convert a predicted amount of data into correspondng number
of frames. This prediction drives the dedsions made by the
adaptation algorithm as discussed in Sedion IlI- D.

A (Np,D,) pair is required at the dient at time, ¢,¢q,
when the prediction adgorithm predicts to receéve one or more
frames in pation p. This time ¢,.,(p) is cdled the trace
requirement deadine of portion p. The fundamental aim of
the trace delivery algorithm is to deliver all (N,, D,) pairs
before their respedive trace requirement deadlines.

Vp, 1 <p<n:T(p) <treg(p) (10)

80 100 120

Time (sec)

Time (sec)

Scenario-1 with reduced trace Buffer

Fig. 18. Scenario-3 with reduced trace Absolute
error in the output of the prediction dgorithm
(Algorithm-2) for reduced traceof The Firm

where n is the total number of portions and T'(p) is the time
at which (N,, D,) is delivered to the dient.

Sending the entire control data before playbadk will solve
the problem of timely delivery but increases the startup delay.
For example, sending the control information (2.8799 Mb)
for the movie Jurassc Park, before playbadk, on a 300Kbps
conredionincreases the startup delay by 9.5997semnds. This
delay when compounced with the buffering delay associated
with the adual video, degrades the user perceived quality. So
the delivery scheme shoud na cause significant additional
startup delay.

We list out below essential properties of the delivery algo-
rithm:

i) Deliver control data of all portions before their respedive
trace requirement deadlines. The primary aim of the delivery
algorithm is to ensure that control information o a portionis
present at the dient before its trace requirement deadline &
shown in Equation 1Q

ii) Reduce the startup delay due to control data delivery:
The example shown in the beginning o this sdion clealy
shows that additional startup delay due to control data delivery
shoud be reduced.

iii) Dynamically adapt to the network condtions: The dient
predicts the anourt of data that it would recave in 2rtt. This
predicted amourt of datais cdled the look-ahead window and
isafunction d rtt and arrival rate. Hencethe tracerequirement
deallines, of al portions, are indiredly dependent on the
network status (arrival rate, rtt).

iv) Controlled bandvidth usage: The anourt of bandwidth
required to deliver the metadata shoud na be very high.

C. DART - Dynamic scheduling Algorithm for Reduced
Trace delivery

The fundamental principle behind ou approad isto send a
small portion of the control data ehead of playbadk such that it
does nat significantly increase the startup delay and deliver the
rest along with the video. So we need a scheduling algorithm
that will plan interleared delivery of the control data and the
media data. We asume that a very small percentage of the
server’s outgoing bandwidth is avail able to strean the control
information. We cdl this bandwidth as the Control Bandwidth.
and dencte it by Reontrol- Reontror 1S dynamicdly varied to
suit the network and client condtions.

After delivering the startup video frames, the server usesthe
entire bandwidth for a very small duration to deliver control
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data. The remaining control data is snt, in a network-aware
fashion, as described in the following paragraphs. The server
kegps ending the cntrol data & rate R.oniroi- The dient
periodicdly sends a status report to the server. A status report
consists of the following threefields :

o Current size of the look-ahead window (2.rtt.acy;)-

o Portion number p.... whose control information is cur-
rently being used by the adaptation algorithm.

o Portion number p;uiese Whose control information was
receved last.

The dient aso sends a status report to the server, if the
look-ahead window changes by more than 20% since the last
report. The server, on recept of a status report, cheds for the
following condtions and alters the transmisdon rate of the
control stream (Rcontro) acordingly, if necessary:

Condtion-1: If the look-ahead window has changed by
more than 20% since last report, then the transmisson rate
of the control data is incressed/deaeased propationa to the
increase/deaeae in the size of the look-aheal window. The
rate control step is required to ensure that the amount of
control data delivered to the dient shoud be commensurate
with the amount of media data delivered.

Condtion-2: If the difference between p.., and pjaiest 1S
lessthan Ap portions then, the transmisson rate of the control
dataisincreased bythe deficit amourt, for At seaonds. (Values
of the parameters Ap and At control the aggressveness
of the scheme) This dep ensures a aushion (for control
data) to courter immediate dfeds of the rate increase step
(causingincrease in arrival rate) and rapid changesin network
condtions.

D. Evaluation andresults

In this ®dion, we present ns2 simulation results to ill ustrate
the behavior of the DART scheme. The experiments described
in Sedion IV-A.2 are repeaed with DART being uwsed to
deliver the reduced traceto the dient.

The first experiment deds with delivering the compressed
traceof the video Sar Wars. The gproximated traceof this
video has 140 pations (2240 byes of control data). So it is
sea that the entire control i nformation can be delivered to the
client before start of playbadk with neglible increase in startup
delay. However such ealy delivery isnot posshblein all cases,
as demonstrated in the next experiment.

In the second experiment, the reduced trace of The Firm
is delivered using DART. The total amount of control infor-

60
Time (sec)

80 100 120 0 100 200 300 400 500 600 700 800
Portion number

Scenario-3 with reduced trace Buffer Fig. 21.  Scenario-3 with DART and reduced trace

(Rcontr'ol =0.59 Kbps)

mation is 11680 byes (730 pations). The startup delay is
incressed by 12% (0.03716 seconds) and video bandwidth
(0.5 Mbps) is used to deliver the control information. In
this time period, 145 control points are delivered to the
client and and the remaining 585control points are delivered
synchronouwsly with the video. The simulation results prove
that DART possesss the esentia properties as listed before

We, first, set the base value of Ri.onior @ 0.59 Kbps.
Next, we perform the same experiment with a smaller value
of Reontrot = 0.53 Kbps. This is to demonstrate how DART
increases the sending rate of the control stream, temporarily, to
maintain a aushion in the amourt of control data present at the
client. Both these experiments ill ustrate the network adaptive
property of DART.

&) Reontror = 0.59 Kbps: Figure 21 shows the t,.,
for ead pation in the trace ad also time & which control
information abou ead pation is delivered. We can see that
the (N,, D,) pair of al portionsis delivered ontime. Figure
22 shows the bandwidth usage for the control data stream. The
value of R.oniror iNcreases from 0.59 Kbpsto 0.594 Kbps due
to increase in the size of the look-aheal window. It settles at
0.594 Kbps becaise the look-ahead window does not change
by a anourt greaer than 20%. There is an quick increase in
Reontror between 60s and 8% due to the rate increase step
(Refer Figure 19). The quality drop between 100 and 126G
causes the consumed bandwidth to drop to a smaller value.
Both the rate increase and the quality drop steps affed the
arrival rate which in turn aff eds the look-ahead window. Large
variations in the look-ahead window are catured by the value
of the control bandwidth ill ustrating the adaptivity to network
condtions.

b) Reontrot = 0.53 Kbps: In this experiment, the value
of Reontroi 1S Chosen lower than the previous case. At time t
= 97s, the difference between p....- (portion whose control in-
formationis currently being used by the adaptation algorithm)
and pyaies: (portion whaose oontrol information was receved
last) falls below Ap which is chosen as 10.(Refer Figure 23)
So a temporary rate increase is employed to maintain the
occupancy of the control buffer above the minimum threshaold.
At was chosen 5 semnds and Figure 24 shows the rate
incresse step.

V. RELATED WORK

In this dion, we present a overview of relevant strategies
for network-aware demand adaptation and metadata delivery.
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A. Network aware adapation techniques

In a cmprehensive study on video streaming, [18] identifies
apgication-layer QoS control or network-aware adaptation
as one of the six key areas. As explained in Sedion |, any
network-aware adaptation strategy involves two steps. Thefirst
step evaluates the status of the network and deddes if a rate
changeisrequired. The semndstep adualy carriesout the rate
change & the server. Network evaluation and rate estimation
techniques can be dasdfied into three broad categories as in
[18], [19]: recaver driven, transcoder driven and sender driven.
This classficaion is based on kased on where the aaptation
happens. Rate change of the video is aff ected by either scdable
video coding [20], transcoding [21] or a combination of both
[22].

1) Receve driven. The RLM scheme [9] is a recaver
driven technique wherein the dient modifies its bandwidth
demands based on retwork status. The server transmits a base
layer and multi ple enhancement layers of a video over unique
multicast channels. The base layer represents the minimum
quality required to view the video. Clients subscribe to the
base layer multi cast and depending onthe avail able bandwidth
subscribe to ore or more enhancement layers. When a dient
experiences congestion, it drops a layer and when spare
cgpadty is avail able, adds alayer. RLM uses ajoin experiment
similar to ou bandnidth probing phase to dedde when to
increase the video quality. However the disadvantage of RLM
is that the adaptation step of adding a layer makes it unfair
to competing TCP conredions. This is becaise by adding
a layer, a recaver increases its bandwidth demands by a
fairly large anount when compared to a pee TCP conredion
which increases its bandwidth demands incrementally. This
isale is addres=d in ThinStreams [10]. A video layer is lit
into several fixed bandwidth thinstreans. So the bandwidth
overhead of a join experiment is considerably lower. Also
in ThinStreams, instead of using loss as a measure of net-
work overload, the diff erence between expeded and measured
throughpu is used to sense the network load. We use asimilar
approach in determining the network resporse index, 3.

2) Transcoder Driven: In transcoder based schemes, gate-
ways are placal at strategic points in the network to vary
the quality based on the network status in ead region. [23]
presents a alaptation framework with strategicdly placed
smart relays in the network. [24] presents ancther approach
of adaptive quality adjustment by dyramicdly transcoding a

Fig. 23. Scenario-3 with DART and reduced trace

Fig. 24. Scenario-3 with DART and reduced trace
Time (vs) Bandwidth consumed for control strean
(Rcontr'ol =053 Kbps)

pre-encoded version.

3) Sender Driven: The Lossdelay based adjustment algo-
rithm(LDA) [13] is asender driven scheme, wherein the sender
uses RTCP fealbad reports from the recaver to learn network
status and consequently adapt the outgoing bendwidth for that
client. The recaever aso estimates the bottlenedk bandwidth
using the padket pair approach and includes it in its RTCP
report. Like LDA, the D-Rate scheme dso uses the packet
pair approad.

In the LDA scheme, a sending rate change is fed bad into
the encoder thereby varying the quality. So, when there is
no congestion in the network, the quality that user perceves
is periodicdly stepped up and when there is congestion it
is brough down to a comparatively very low level (due to
multi pli cative deaease). Hencethe perceived quality fluctuates
(sawtooth waveform) which is not desirable. On the other
hand, the D-Rate scheme tries to avoid a quality drop by
manipulating the sending rate and ory as the worst case
reduces quality. Even a quality increase is dore only after
building a considerable no congestion state history leading to
amore stable percaved quality. In LDA, RED (Randam Early
Detedion) is used at the routers to provide a ealy indicaion
of congestion by doppng padets. In other words, network
congestion is deteded by a perceived lossin quality caused
due to lost padkets. In the D-Rate scheme, we use a more
fine granular approach by adogting MECN to tradk network
badlog. Since the sender is aware of the queue buildup,
the adaptation steps dart ealier than in the LDA scheme.
Therefore the sender has a better chanceto avoid lost padkets
even if it cdls for reducing the quality at a ealier stage.

[25] proposes an adaptation technique that performs rate
adaptation independently of quality adaptation. Quality adjust-
ment is dore over a longer time scde based on estimation
of available bandwidth. Sending rate adaptation, on the other
hand, is dore & a mngestion control mechanism over shorter
durations. D-Rate shares its underlying principle of decouging
quality and sending-rate with these methods.

In the Frame Rate Adaptation scheme [12], measures the
avail able bandwidth and its buffer occupancy to dedde the the
list of framesthat the server will t ransmit. Frames are excluded
on event of padket loss and/or imminent buffer underflow.
Our adaptation scheme gathers more information abou the
network and manipulates the sending rate (withou changing
the quality) and orly as the fina step aters the quality.



B. Control data reduction and alivery schemes

[26] presents a methodto approximate the underflow curve.
The authors use MCBA, a bandwidth smoothing agorithm,
to find the smallest set of piecewise linea segments that
fit between the underflow curve and the same aurve shifted
upward by Ae, the dlowable aror. Thus, (f — f;) < Ae.
These linea segments form an approximation of the underflow
curve. The choice of a lower and upper bound onthe frame
size etimate is a result of the fad that this approximation
is used spedficdly by bandwidth smocthing algorithms. We
position the end pants of the piecavise linea segments on the
underflow curve itself. This offers the advantage that for the
same distance between upper and lower boundegual to Ae our
methodreduces the per-frame eror by half, i.e., |f—f1-| < %.

In [27], the authors present a technique to synchronowsly
deliver MPEG-7 metadata with the video. RTP is used to
deliver video, metadata and to synchronizethem. The propased
technique DART can be used to deliver any form of time-
sensitive metadata sychronowsly to the dient. DART has
the additional advantages of being low on control overhead,
network-bandwidth sensitive and low startup owerhea.

VI. CONCLUSIONS

In this paper, we present a network-aware video streaming
technique that adapts ending rate of the video to match time-
varing network charaderstics, client data requirements and
buffer occupancy. We dso present a technique to efficiently
deliver metadata, synchronized with the media stream. Simu-
lations show that the proposed techniques can efficiently adapt
to changesin the network to provide better percaved QoS than
schemes that consider sending rate synonymously with quality.
One key areaof future work isimproving the TCP-friendliness
asped of D-Rate.
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