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ABSTRACT

We consider the problem of streaming packetized media over
the Internet through an intermediate proxy server to a client,
in a rate-distortion optimized way. The proxy employs a hy-
brid receiver/sender driven transmission scheme to communi-
cate with both the media server and the client. Computing the
optimal transmission policy for the proxy involves estimation
of the probability that a single packet will be communicated to
the client in error as a function of the expected redundancy (or
cost) used to communicate the packet. In this paper, we show
how to compute this error-cost function, and thereby optimize
the proxy’s transmission policy.

I. INTRODUCTION

We consider the problem of streaming packetized media over
a lossy backbone packet network through a proxy server to a
client. The proxy is located at the junction of the backbone
network and the last hop to the client. Packets may be lost in
the backbone network due to congestion, or in the last hop due
to erasures.

The proxy employs a hybrid receiver/sender driven trans-
mission scheme to communicate with the media server and
with the client. The communication with the media server
is receiver-driven, while the communication with the client is
sender-driven. All packets sent in either direction are subject
to random loss, delay, and corruption. Therefore the proxy can
never be completely aware of the state of both the client and
the media server. However, the proxy is aware of the different
deadlines, importances, and dependencies of the various me-
dia packets to be transmitted. Furthermore, at every instance
the proxy is aware of the different packets going in both direc-
tions that have reached so far the edge of the backbone network.
Using this information the proxy is able to stream the media
packets to the client, in a rate-distortion optimized way, that is,
minimizing the expected end-to-end distortion subject to a con-
straint on the expected transmission rate. Such a rate-distortion
optimized transmission algorithm, or transmission policy, re-
sults in unequal error protection provided to different portions
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of the media stream. To compute the rate-distortion optimized
transmission policy, we use the Iterative Sensitivity Adjustment
(ISA) algorithm introduced in [1]. The core step of this algo-
rithm involves estimation of the probability that a single media
packet will be communicated in error as a function of the ex-
pected redundancy, or cost, used to communicate the packet.
The lower convex hull of the set of all expected error-cost pairs
is called the error-cost function. How to compute this function,
for the scenario of hybrid receiver/sender driven streaming, is
the focus of this paper.

To our knowledge, the most closely related contemporaneous
works are [1-3] where the authors have studied distortion-rate
optimized streaming over lossy packet networks to wireline and
to wireless clients, in both sender-driven and receiver-driven
scenarios, and [4, 5] which considers proxy caching in a cost-
distortion optimization framework. Another related work is [6]
where the media server exploits feedback from a proxy to better
adapt the media content sent to the client.

II. PRELIMINARIES

In a streaming media system, the encoded data are packe-
tized into data units and are stored in a file on a media server.
Associated with each data unit is a decoding time ¢ prgs. The
decoding time tprs is the time at which the decoder is sched-
uled to extract the data unit from its input buffer and decode it.
That is, tprs is the delivery deadline by which the data unit
must arrive at the client in order to be usefully decoded. Pack-
ets containing data units that arrive after the data units’ delivery
deadlines are discarded.

We consider a system in which the media server commu-
nicates to the client indirectly, through a proxy. We refer to
the server—proxy path as Channel 1 and to the proxy—client
path as Channel 2. Each channel has a forward and back-
ward direction. We model each direction of each channel as
a time-invariant packet erasure channel with random delays.
For the forward direction of Channel 1, this means that if the
media server inserts a data packet into the network at time ¢,
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then the packet is lost with some probability, say €, , indepen-
dently of t. However, if the packet is not lost, then it arrives
at the proxy at some later time ¢', where the forward trip time
FTT, = t' — t is randomly drawn according to a probability
density pr,. The backward direction of Channel 1 is similarly
characterized by the probability of packet loss €p, and delay
density pp,. Successive losses and delays, as well as losses
and delay in forward and backward channels are assumed to
be statistically independent. Then, these induce the probability
er, =1 — (1 —ep )(1 — ep,) of losing a packet in either the
forward or backward direction, and the round trip time distri-
bution P{RTT, > 7} = €g, + (1 —€r,) [ pr, (t)dt, where
PR, = PF, * pB, 1s the convolution of pr, and pp,. Note that
P{RTT, > 7} is the probability that a data packet requested
from the media server by the proxy at time ¢ does not arrive at
the proxy by time ¢ + 7.

Each direction of Channel 2 is also modeled as an inde-
pendent time-invariant packet erasure channel with random
delays. Hence the forward and the backward directions are
characterized by random loss and delay densities €, pg, and
€B,, DB, respectively. We let P{FTT, > 7} = ep, + (1 —
em) [ pr, (t)dt denote the probability that a packet transmit-
ted in the forward direction of Channel 2 at time ¢ does not
arrive at the client by time ¢ + 7, whether it is lost in the net-
work, or simply delayed by more than 7. Finally, these in turn
induce the probability €, of losing a packet in either the for-
ward or backward directions of Channel 2 and the round trip
time density pgr,. Note that P{RTT> > T} is the probability
that the proxy does not receive an acknowledgement packet by
time ¢ + 7 for a data packet sent to the client by the proxy at
time ¢.

Next we define an effective channel, denoted Channel 12,
which in essence corresponds to the network path from the
proxy to the media server to the client (and back). Having
such a channel facilitates the mathematical framework pre-
sented later on. The associated forward and round trip times
for Channel 12 are FTT5 = RIT) + FTT5 and RTT,> =
RTT, + RTT,, while the associated packet erasure rates are
€F, = €R, T (1 - 6R1)EF2 and €r,, = €p, + (1 - ER1)€Rz'
Finally, in case of no packet loss, the forward trip and the round
trip delays on Channel 12 are distributed according to the prob-
ability densities fr,, = fr, * fr, and fr,, = fr, * fR,-

III. HYBRID RECEIVER/SENDER DRIVEN TRANSMISSION

A multimedia session starts when a client requests a presen-
tation from the media server. The request packet is received
by the proxy server and is not forwarded further. The proxy
then sends a request to the media server for a rate-distortion
preamble for the desired presentation. The preamble contains
in effect the size, importance, and deadline information for each
data unit.

After it has the preamble, the proxy starts communicating
with both the media server and the client using a hybrid re-
ceiver/sender driven transmission scheme. The communication

with the media server is receiver-driven, where the proxy sends
request packets to the media server, requesting a particular data
unit to be transmitted. The media server responds to a request
by sending the requested data unit in a data packet to the proxy.
The proxy may repeat requests for a particular data unit peri-
odically if necessary, until the data unit finally arrives at the
proxy, or until the proxy gives up. Upon seeing an arriving data
packet, the proxy stores a copy of the data unit in its buffer for
later retransmissions and immediately forwards it to the client.
The proxy then stops requesting that data unit from the media
server and can begin any necessary error recovery of the data
unit using sender-driven communication with the client. The
proxy performs error recovery for Channel 2 if necessary by re-
transmitting the buffered data unit periodically, until it receives
an acknowledgement packet from the client for that data unit,
or until the proxy gives up transmitting the data unit.

IV. R-D OPTIMIZATION USING THE ISA ALGORITHM

The ISA algorithm has been explained elsewhere [1] and due
to space constraints is not explained here. Its core step is find-
ing a point on the lower convex hull of a set of points in the
so-called “error-cost” plane, {(p(7),e(w)) : @ € I}, where 7
is a transmission policy or protocol or algorithm for commu-
nicating a single data unit, II is a family of transmission poli-
cies corresponding to the scenario at hand, () is the expected
error or the probability that a data unit does not arrive at the
client on time under policy 7, and p(7) is the expected cost or
the expected number of transmitted bytes per source byte on
Channel 2 under policy 7. The point of interest corresponds to
the policy 7* minimizing e(7) + Ap(w), for a given Lagrange
multiplier A > 0. In Section VI we employ the above lower
convex hull, called the error-cost function, to analyze the per-
formance of different streaming systems. In the next section we
show how to find 7*, for the family of transmission policies II
corresponding to hybrid receiver/sender driven transmission.

V. FINDING THE OPTIMAL POLICY

For requesting/transmitting a data unit, we assume that there
are IV discrete transmission opportunities tg, 1, . .., tN_1 prior
to the data unit’s delivery deadline {prgs at which the proxy
server is allowed either to request the data unit from the me-
dia server or to retransmit it to the client. The proxy need not
transmit a packet at every transmission opportunity.

At each transmission opportunity ¢;, ¢ = 0,1,...,N — 1,
the proxy takes an action a;, where a; = 1 if the proxy sends
a packet and a; = 0 otherwise. Then, at the next trans-

mission opportunity #;11, the proxy makes an observation o;,
where o; is in fact the information collected by the proxy in
the interval (¢;,¢;4+1] about previous transmissions. For exam-
ple, o; = {DATj,,ACKj,} means that during the interval
(ti, ti+1], a data packet arrived at the proxy for the request sent
to the media server at time ¢;,, and an ACK packet arrived at
the proxy for the packet sent at time ¢;,. Note that the acknowl-
edgement can be due to a request or a data packet transmitted
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at t;,. The history, or the sequence of action-observation pairs
(ap,00) © (a1,01) o -+ o (a;,0;) leading up to time t;41, de-
termines the state g;4; at time ¢;41, as illustrated in Figure 1.
If the final observation o; includes an ACK, then ¢;41 is a final
state. In addition, any state at time ¢y = tprg is a final state.
Final states in Figure 1 are indicated by double circles.

Fig. 1.

Markov decision tree for one media unit in hybrid receiver/sender
driven packet schedulling.

The action a; taken at a non-final state ¢; determines the tran-
sition probabilities P(gi+1|¢i,a;) to the next state ¢;4;. For
example, in Figure 1, if the action taken at the initial state
Qo is ap = 1 (send request), then the transition probabili-
ties to the four states at time ¢, are respectively P{RT T}, >
t1 —to&RTT, <ty —to}, P{RTT12 <t —to}, P{RTT1 >
t1 — to}, and 0. (Note that RTT; > t; — to implies that
RTTi5 > t1 — %9, since these are the events that the proxy
server does not observe a response, respectively from the me-
dia server and from the client, by time #; for a request packet
transmitted at time ¢g.) On the other hand, if the action taken
is ap = 0 (don’t send), then the transition probabilities are re-
spectively 0, 0, 0, and 1.

Formally, a policy 7 is a mapping ¢ — a from non-final
states to actions. Thus any policy 7 induces a Markov chain
with transition probabilities Py (gi+1|¢:) = P(gi+11¢i,7(q:)),
and consequently also induces a probability distribution on final
states. Let ¢ be a final state with history (ap, 00) © (a1,01) ©
-o(ap_1,0p—1),andletg;+1 = g;o(a;,0i),i =0,...,F—1,
be the sequence of states leading up to ¢gr. Then gr has
probability P, (qr) = Hf:ol Pr(qit+1|qi), transmission cost
pr(qr) = Zf:_ol a;Cost(a;), and error e;(qr) = 0 if op_4
contains an ACK and otherwise €,(gr) is equal to the prob-
ability that none of the transmitted packets results in the data
unit arriving at the client by time ¢ prg, given ¢r. Note that the
quantity C'ost(a;) is the expected cost of transmitting a packet
from the server or retransmitting a packet from the proxy un-
der the proxy action a, i.e., Cost(a;) = 1if a; = 1 in-
dicates transmission of a data packet from the proxy to the
client, Cost(a;) = P{RTT, < oo} if a; = 1 indicates trans-
mission of a request packet from the proxy to the server, and
Cost(a;) = 01if a; = 0. For example, if gF is the second state
from the top at time ¢prs in Figure 1, then a request packet

was sent at o and a data packet was sent afterwards at each
transmission opportunity ¢;,7 > 0 and no acknowledgements
were received. In that case, €;(qr) = P{FTTi2» > tprs —
t0|RTT1 <t — to, RTT12 >tprs — to} Hfi;l P{FTTZ >
tprs — t,'|RTT2 > tprs — ti}.

Armed with definitions of probability, transmission cost, and
error for each final state, we can now express the expected cost
and error for the Markov chain induced by policy 7: p(w) =
Eﬂpﬂ(qF) = ZQF Pn((IF)Pn((JF)a 5(77) = Eﬂ'eﬂ'(qF) =
>4 Pr(ar)ex(qr). At every transmission opportunity ¢; the
proxy finds the policy 7*, where {(p(7),e(w)) : = € II} is
calculated conditioned on ¢; and all the policies under consid-
eration are consistent with the history (ag, 09) o (a1,01) 0 -0
(aj—1,0;—1) leading up to state g; at time ¢;. Then, a; is set
to the first action 7*(g;) of 7*, and the procedure is repeated
at each successive transmission opportunity until a final state
is reached. Note that it would be sufficient to determine 7*
only once at time %, except for the fact that A may be adjusted
(by the ISA algorithm [1]) at each iteration to take into account
feedback from the transmission of other data units.

Two cases of transmission history can be distinguished: (1)
no previous DATSs, i.e., 09 = 0 = -+ = 0;_1 = {, and (2)
with previous DATs. In the following we show how 7* can be
determined for each of them.

A. No previous DATs

As explained earlier, depending on the information collected
about previous transmissions, the proxy may transmit a request
or a data packet at a transmission opportunity ¢;, if the action
taken at state g; is a; = 1. Therefore, the policies for this case
of transmission history are necessarily subtrees of the Markov
decision tree shown in Figure 1. Tree structured transmission
policies in a rate-distortion optimization framework have been
studied for the first time in [3, 7]. As stated earlier we are inter-
ested in the policy minimizing the expected Lagrangian

J(m) = e(m) + Mp(m) =Y Prlar)n(ar), (1)

ar
where J; (qr) = €:(qr) + Apz(qF). Let

ex(qr) + Apr(qr)
if ¢; is final (7 = F),

D gies P(dit11ai, 7(a:)) T (qiv1)
otherwise

Ja(qi) =

be the expected Lagrangian of all paths through ¢; (under ).
Then let

€x (qF) + Apx (qF)
if ¢; is final (7 = F),
ming 3, P(¢ir1]di @) T (gi+1)
otherwise.

I (@) = 2
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By induction, J*(g;) < Jx(g;) forall ¢; and all 7, with equality
if m = n*, where

7 (q;) = argmin Y P(gis1lai, @) T (@iv1) )

qit1

for all non-final states ¢;. Thus the optimal policy (minimizing
(1)) can be computed efficiently using (2) and (3).

B. With previous DATs

As the data unit has already arrived at the proxy, the proxy
can only transmit a data packet at a transmission opportunity
t;, if the action taken at state ¢; is a; = 1. Hence, the policies
for this case of transmission history are simply paths through
the Markov decision tree in Figure 1. Therefore, there are QN—i
prospective policies, or binary transmission patterns. Finding
the policy minimizing the expected Lagrangian can be done ei-
ther using the dynamic programming algorithm from Section V-
A or slightly less efficiently with an exhaustive search through
all 2V—% policies. Below we explain briefly this second ap-
proach.

As explained earlier, the expected error €(m,) for a policy
n = [aiy...;an_1] 1 n = 1,...,2N =% is simply the proba-
bility that all the transmissions from 7, as well as those from
the transmission history do not result in the data unit being de-
livered on time to the client. Furthermore, upon receipt of an
acknowledgement packet, the proxy truncates 7, and does not
consider sending any further packets. Therefore, the cost for
each transmission a;j = 1 : j € 4,..., N — 1 is equal to the
probability that none of the previous transmissions results in an
acknowledgement packet received by the proxy by ¢;. Hence,
the expected cost p(my,) is simply the sum of the individual
costs. Then, we obtain the minimizing policy 7* as

m* = argmin e(m,) + Ap(my,) (C))

Due to space constraints we deliberately omit here the ex-
pressions for €(m,) and p(my, ), and leave their derivation as an
exercise to the reader. The fact that there are two types of pack-
ets in the transmission history must be recognized in the deriva-
tion. Finally, as this case of transmission history corresponds to
a sender-driven transmission, the reader is referred to [1] for
computing the expected error-cost in such a scenario.

VI. EXPERIMENTAL RESULTS

Here we investigate the end-to-end distortion-rate perfor-
mance for streaming packetized video content using different
algorithms. The video content is a two layer SNR scalable rep-
resentation of the sequence Foreman. Using H.263+ [8] the
first 130 frames of QCIF Foreman have been encoded into a
base and enhancement layer with corresponding rates of 32 and
64 Kbps. Two streaming systems are employed in the experi-
ments. Sender-driven is a system that performs R-D optimized
scheduling of the packet transmissions at the media server [1].

Proxy-driven also performs R-D optimized scheduling of the
packet transmissions, but at the proxy, using the algorithms
from Sections IV and V. Performance is measured in terms
of the luminance peak signal-to-noise ratio (Y-PSNR) in dB of
the end-to-end perceptual distortion, averaged over the duration
of the video clip, as a function of the available bit rate (Kbps)
on Channel 2.

Channel 1 is specified as follows. Packets transmitted on this
channel are dropped at random, with a drop rate €y, = €p, =
€1 = 10 %. Those packets that are not dropped receive a ran-
dom delay, where for the forward and backward delay densities
pr, and pp, we use identical shifted Gamma distributions with
parameters (ny,a;) and right shift k1, where ny = 2 nodes,
1/a; = 25 ms, and k; = 50 ms. Channel 2 is similarly spec-
ified with €, = €, = €3, no = 1 node, 1/as = 5 ms, and
Ko = D ms.

First, we compare the performance of the two systems as a
function of the quality of Channel 2, where the loss rate e is
increased from 1% to 15%. It can be seen from Figure 2 that
Proxy-driven performs better over the whole range of available
rates on Channel 2, for each of the loss rates under considera-
tion. The difference in performance increases as the loss rate
on Channel 2 is increased, which is expected. As the quality
of Channel 2 degrades, more packets need to be retransmitted
from the server in Sender-driven and from the proxy in Proxy-
driven. Due to the random nature of the loss and delay in the
backbone, the retransmissions from the server are more likely to
be lost or received late than those from the proxy. We observed
similar results for streaming another QCIF video Mother and
Daughter. However, these are not included here due to space
constraints.

@e, =1%
2

(b) e, =5%
2

40 60 80 40 60 80 100

(©) & =10% (@), =15%
2 2

/

—6— Proxy—driven

30

29
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27

+

100

40 60 80 100 120
Channel 2 bit rate (Kbps)

40 60 80
Channel 2 bit rate (Kbps)

Fig. 2. R-D performance of Sender-driven and Proxy-driven for Foreman, € .,
=(a) 1%, (b) 5%, (c) 10% and (d) 15%.

Next, we examine the error-cost function of the two stream-
ing systems for the four loss rates under consideration for Chan-
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nel 2. As explained earlier, this function provides an insight into
how efficiently a system trades off redundancy and error on the
average for transmission of a single data unit. This ultimately
affects the efficiency of the streaming system in terms of the
provided trade-off between the amount of transmitted data and
the resulting distortion at the client for the whole media pre-
sentation. In Figure 3 we show the error-cost functions for the
two systems under each of the four loss rates. The functions are
computed for the case of no history of previous transmissions
and number of transmission opportunities N = 3. It can be
seen that the error-cost function of Proxy-driven outperforms
that of Sender-driven for cost values > 0.9. This is the error-
cost region where a transmission is actually made at the current
slot ¢; as the policies with a; = 1 typically lie on this section of
the error-cost function. Therefore, on the average Proxy-driven
transmits less bytes to achieve the same probability of deliver-
ing a data unit to the client on time.

(b) 6 = 5%

(a) SF =1%
2

S,

s

LE. \ N

< *

8,2 X 0 \
v |
] *

10° * 10°
0 05 1 15 0 05 1 15

(d) 6 = 15%

(©) € =10%

S

8
£ ¥ i
I-g_ . 10
8,2 \ 8
10 3 X
* n \
—# Sender—driven
—6— Proxy—driven
10° 107 *
0 0.5 1 15 0 0.5 1 1.5
expCost expCost

Fig. 3. Error-cost function for Sender-driven and Proxy-driven, € r, = (a) 1%,
(b) 5%, (c) 10% and (d) 15%.

Finally, we examine the distortion-rate performance of the
two systems as a function of the quality of Channel 1. The
parameters of Channel 2 are kept fixed and the loss rate is
€2 = 5%. As we already examined earlier the situation where
Channel 1 exhibits random packet loss and delay, here we
model Channel 1 as a lossless link, characterized with a fixed
transmission delay only. A delay of 5 ms and 50 ms is respec-
tively used to obtain the results shown in Figures 4a and 4b.
Note that we ignore here any additional existing delays on the
side of the backbone network, such as the processing delay at
the media server. The Foreman video is used in the experi-
ments. As can be seen from Figure 4, the performance dif-
ference between Proxy-driven and Sender-driven becomes in-
significant as Channel 1 becomes a lossless link with a consid-
erable transmission delay. The difference in performance di-
minishes even further, as the transmission delay is decreased to

a very small quantity.

Channel 1 trans. delay = 5 ms Channel 1 trans. delay = 50 ms

30

30

29

285} -

28

275}

27
—+— Sender—driven
265 —6— Proxy-driven

40 50 60 70 30
Channel 2 bit rate (Kbps)

40 50 60 70
Channel 2 bit rate (Kops)

Fig. 4. R-D performance of Sender-driven and Proxy-driven for QCIF Fore-
man, trans. delay = (a) 5 ms, and (b) 50 ms.

VII. CONCLUSIONS

A methodology has been presented for computing rate-
distortion optimized transmission policies for streaming packe-
tized media in a hybrid receiver/sender driven scenario. This is
a natural result of a larger R-D optimization framework. The
computation of the optimal policies is done using a Markov
decision tree with finite horizon NN, associated with the trans-
mission scenario under consideration. The R-D optimization
framework is employed for streaming of video sequences and
its performance is compared with a sender-driven R-D opti-
mized system. The results demonstrate that the proposed frame-
work performs favourably over a large range of scenarios con-
sidered for the quality of the last hop. The performance gains
increase as the quality of the last hop degrades. Finally, in sit-
uations where the backbone network behaves as a lossless link
with a small fixed transmission delay, the proxy-driven system
does not offer any advantages over sender-driven systems.
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