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Abstract—This paper addresses the problem of streaming pack-
etized media over a lossy packet network to a wireless client, in
a rate-distortion optimized way. We introduce an incremental
redundancy error-correction scheme that combats the effects of
both packet loss and bit errors in an end-to-end fashion, without
support from the underlying network or from an intermediate
base station. The scheme is employed within an optimization
framework that enables the sender to compute which packets
it should send, out of all the packets it could send at a given
transmission opportunity, in order to meet an average trans-
mission-rate constraint while minimizing the average end-to-end
distortion. Experimental results show that our system is robust
and maintains quality of service over a wide range of channel
conditions. Up to 8 dB performance gains are registered over
systems that are not rate-distortion optimized, at bit-error rates
as large as 10

2.

Index Terms—Application layer, audio coding, channel coding,
error correction, Internet, Markov processes, multimedia commu-
nication, optimal control, protocols, rate distortion, video coding.

I. INTRODUCTION

WE CONSIDER the problem of streaming packetized
media over a lossy backbone packet network through

a base station to a wireless client. Packets may be lost in the
backbone network due to congestion, or they may be corrupted
in the wireless link due to fading. The introduction of new
hardware and standards for wireless networking [1]–[4] has
made streaming of packetized media over the Internet with a
wireless last hop a present reality. However, the latest wireless
networking standards do not offer adequate support for multi-
media communication. The absence of quality-of-service (QoS)
support makes it impossible for a multimedia application to
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effect the link-layer error control for its traffic. Therefore, crit-
ically important media packets receive the same error-control
treatment as optional media packets. Indeed, all media packets,
which are generally error-tolerant but delay-sensitive, receive
the same error-control treatment as data packets, which are
generally error-intolerant and delay-insensitive. This represents
a significant constraint, since the performance of multimedia
applications can be significantly improved by some degree of
cross-layer awareness.

One mechanism for providing adequate cross-layer aware-
ness is QoS support. Streaming multimedia on demand over
networks with support for multiple QoSs, e.g., DiffServ [5], is
studied rigorously in [6]. Other papers that study this issue are
[7]–[11].

In this paper, we assume a different mechanism for cross-
layer awareness in wireless systems, which may be easier to im-
plement. In particular, we assume that the client application may
observe bit errors in the packet payload. That is, we assume that
bit errors may be passed up from the physical and link layers
to the network and transport layers, and that the transport layer
runs a protocol such as UDP Lite [12], in which the transport
checksum is applied only to the header,1 rather than to both the
header and payload. This allows bit errors in the packet pay-
load to be passed up through the protocol stack to the client
application. In this way, the application can receive corrupted
packets and can provide application-layer error control for cor-
rupted packets in a way that is similar to providing error control
for lost packets in a streaming media system. Other than ex-
posing bit errors to the application, we assume that neither the
network infrastructure nor the client’s base station offers special
support for media communication.

We propose a streaming system based on a hybrid for-
ward error correction/automatic repeat request (FEC/ARQ)
error-control scheme known as incremental redundancy (IR)
transmission. Hybrid FEC/ARQ schemes have been introduced
with the purpose of exploiting both the predictable performance
of FEC codes and the coding-rate flexibility of ARQ protocols
[13]–[16]. Hybrid FEC/ARQ schemes that use rate-compatible
FEC codes, where the higher rate codes are embedded in the

1Header checksum only will become part of the new standard for the broad-
cast mode in 3GPP in a few months.
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lower rate codes, are known as IR schemes, in that the parity
symbols are incrementally transmitted to adaptively meet the
error-performance requirements of the system. In particular,
Hagenauer proposed rate-compatible punctured convolutional
(RCPC) codes with such an application in mind [14]. For a
comprehensive overview of RCPC/ARQ protocols, the reader
is referred to [15] or [16]. The use of turbo codes [17]–[19] in
an ARQ protocol was first proposed in [20], in which additional
constituent encoders were added to obtain rates lower than that
of a conventional turbo encoder . This is similar to the
approach used in our paper. Rates above were considered
in [21], where the authors used rate-compatible punctured turbo
(RCPT) codes.

The IR transmission scheme in our paper operates end-to-end,
and hence, does not need QoS support from the underlying net-
work infrastructure nor from the intermediate base station. In-
stead, the scheme inserts unequal amounts of redundancy at the
application layer, exploiting the ability of the client to observe
corrupted payloads. In the IR scheme, the server can incremen-
tally increase the amount of transmitted redundancy in response
to negative acknowledgment (NAK) fed back from the client.
Hence, the IR scheme is adaptive to the error characteristics of
the network. Furthermore, the scheme uses the code-combining
principle [22], [23] to ensure that none of the received redun-
dancy information is discarded, which makes it appealing from
a bandwidth-efficiency viewpoint.

Optimal use of the IR transmission scheme is determined by
an optimization procedure known as the iterative sensitivity ad-
justment (ISA) algorithm [24], [25]. Since all packets sent in
either direction are subject to stochastic loss, delay, and cor-
ruption, the server can never be completely aware of the state
of the wireless client. However, the server is aware of the dif-
ferent deadlines, importances, and dependencies of the various
media packets to be transmitted. Using this information and the
optimization procedure, the server is able to transmit its media
and redundancy packets based on the feedback it receives in a
rate-distortion optimized way, that is, minimizing the expected
end-to-end distortion subject to a constraint on the expected
transmission rate. Such a rate-distortion optimized transmission
algorithm, or transmission policy,2 results in unequal error pro-
tection provided to different portions of the media stream. The
core step of the optimization procedure involves trading off the
expected redundancy (the cost used to communicate the packet)
for the probability that a single media packet will be communi-
cated in error.

In summary, the major contributions of this paper are the in-
troduction of an IR scheme for application-layer error control
in multimedia streaming to wireless clients, and an extension of
our previous rate-distortion optimization framework to accom-
modate this new scheme. Parts of this work have already been
presented in [26] and [27].

We present the major ideas in our paper as follows. In
Section II, we define our abstractions of the encoding, pack-
etization, and communication processes. In Section III, we

2In this paper, a transmission policy is an algorithm for transmitting data,
following the terminology of Markov decision processes, in which a policy is
a mapping of each state (in a finite-state machine) to an action, which together
with the state and the next observation, determines the next state.

present in detail our IR transmission scheme. In Section IV,
we show how the entire multimedia presentation can be trans-
mitted in a rate-distortion optimized way, using as a building
block an algorithm for rate-distortion optimized transmission
of a single media packet. This algorithm is the subject of
Section V. In Section VI, we report our experimental results.
Using simulations, the performances of the algorithm from
Section V and of our system as a whole are closely examined.
We show up to 8-dB gains over state-of-the-art systems, at
bit-error rates (BERs) as large as .

II. PRELIMINARIES

In a streaming media system, the encoded data are packetized
into data units and are stored in a file on a media server. All of
the data units in the presentation have interdependencies, which
can be expressed by a directed acyclic graph. Associated with
each data unit is a size , a decoding time , and an im-
portance . The size is the size of the data unit in bytes.

is the delivery deadline by which data unit must arrive
at the client, or be too late to be usefully decoded. Packets con-
taining data units that arrive after the data units’ delivery dead-
lines are discarded. The importance is the amount by which
the distortion at the client will decrease if the data unit arrives
on time at the client and is decoded.

The communication channel, which in effect is a composite of
the backbone packet network and the wireless link, is modeled
as an independent time-invariant packet-erasure channel with
random delays at the packet level and as a binary symmetric
channel (BSC) at the bit level. This means that if the server
inserts a packet into the network at time , then the packet is
lost with some probability, say , independent of .3 However,
if the packet is not lost, then it arrives at the client device at time

, where the forward trip time is randomly drawn,
according to probability density . Furthermore, the individual
bits of the received packet are independently and symmetrically
corrupted with a probability .4 Therefore, even though the
packet may arrive at the client device, it may still be discarded
by the client platform before reaching the client application, if
the packet’s IP/UDP/RTP header has been corrupted. If is
the size of the header in bits, then is
the probability of header corruption, and a modified probability
of packet loss, , is the probability that the
packet is either lost in the network, or else is discarded by the
client platform due to a corrupted header. We let

denote the probability that a
packet transmitted by the server at time does not arrive at the
client application by time , whether it is lost in the network,
discarded by the client platform, or simply delayed by more than

. Even if the packet arrives at the client application, its payload

3Our assumption that the packet losses are independent is for the purposes
of tractability of our analysis, which requires independence of the packet trans-
missions related to any given data unit. This is justified, provided that the re-
transmissions are infrequent (e.g., the retransmission intervals are larger than
the one-way delay), as noted for example by Bolot [28].

4Our assumption that the bit errors are independent and identically distributed
(i.i.d.) is principally for the purposes of simulation and is not a critical part of
our analysis; a bursty bit-error channel that gives the same header and payload
error rates should produce roughly the same results.
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may still be corrupted with probability ,
where is the size of the payload in bits.

In our IR scheme, the client application immediately trans-
mits either a positive or negative acknowledgment (ACK/NAK)
packet over a backward channel whenever it receives a data
packet on the forward channel. The backward channel is sim-
ilarly characterized by the probability of packet loss , delay
density , and . These induce a modified probability

of packet loss on the backward channel, and a distribution
on the modified backward trip time. In turn,

these induce a modified probability
of losing a packet either on the forward or backward channel,
and a modified round-trip time distribution

, where is the convo-
lution of and . Note that is the probability
that the server does not receive an acknowledgment packet (pos-
itive or negative) by time for a data packet transmitted by
the server at time . Finally, it should be pointed out that the BER
of the BSC channel is, in fact, the residual BER5 after error-cor-
rection decoding has been performed at the physical and link
layers at the client or at the base station.

III. IR TRANSMISSION

A server implementing our IR scheme enables a client to
exploit corrupted payloads by sending to the client redundancy
packets (henceforth denoted parity packets), in addition to the
regular data units (henceforth denoted systematic packets). A
parity packet contains the parity bits of a codeword obtained
when a systematic error-correction code is applied to a sys-
tematic packet. Parity packets are sent only if necessary. Fig. 1
illustrates the packet-generation process.

First, the server augments the data unit with a binary cyclic
redundancy check (CRC) code having a generator polynomial

. This enables the client to verify the integrity of the data
unit. It is assumed that bit errors cannot go unnoticed by the
CRC code. The CRC-encoded data unit represents a systematic
packet, denoted Packet 0 in Fig. 1, and is created and transmitted
at the first transmission decision for the data unit.

The server may transmit systematic packets periodically if
necessary, until it receives an ACK/NAK from the client or
until the server gives up transmitting the data unit. Once the
server receives a NAK, it may begin to transmit parity packets
periodically if necessary, until it receives a positive acknowl-
edgment (ACK) or until it gives up. A NAK indicates that the
client received the packet but was unable to decode the data unit.
An ACK indicates that the client received the packet and suc-
cessfully decoded the data unit. The server generates the parity
packets, denoted Packets in the figure, by applying a
rate- recursive systematic convolutional (RSC) code with a
generator matrix to different pseudorandom interleavings

of the data unit and its CRC, as shown. Note that there is
no interleaving involved when Packet 1 is created.

The client attempts to decode each packet that it receives,
using the CRC for systematic packets, or using the list Viterbi

5These are the bits that are still in error after decoding.

Fig. 1. IR transmission scheme.

algorithm [29] for the first parity packet,6 or using the turbo de-
coding algorithm [19] for subsequent parity packets. The client
immediately transmits an ACK packet to the server upon suc-
cessful decoding, or a NAK packet upon decoding failure. The
header of the acknowledgment packet identifies the data packet
being positively or negatively acknowledged; the payload of the
acknowledgment packet is empty.

Let denote the probability of the event that it takes
more than parity packets, arriving at the client after a system-
atic packet, for successful decoding. Clearly, the events

are nested. Thus,
, and the conditional probability that the th parity

packet that arrives at the client will fail to decode, given that the
previous parity packets have failed to decode, is .
In Section VI, we evaluate these quantities empirically, and use
them in our optimization procedure.

The server may transmit a systematic or parity packet for
a data unit at any of a finite set of transmission opportunities

. Whether or not the server transmits a packet at
a given transmission opportunity is determined by the server’s
transmission policy for the data unit, which takes into account
any feedback received from the client, the data unit’s dependen-
cies on other data units, the data unit’s deadline, importance,
and size, and the server’s overall transmission-rate budget. In
the next section, we show how these transmission policies can
be chosen to minimize the average end-to-end distortion, sub-
ject to a constraint on the average transmission rate.

IV. OPTIMIZATION USING THE ISA ALGORITHM

Suppose there are data units in the multimedia presen-
tation. Let be the transmission policy for data unit

and let be the vector of trans-
mission policies for all data units. corresponds to a family
of transmission policies defined precisely in the next section.
Any given policy vector induces an expected distortion
and an expected number of transmitted bytes for the multi-
media presentation. We seek the policy vector that minimizes

6It would also be possible to decode the first parity packet using the a poste-
riori probability (APP) module used for the turbo decoding, which maximizes
the APP of each symbol. However, the Viterbi algorithm tends to provide a lower
block-error rate. List decoding decreases the block-error rate still further.
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subject to a constraint on . This can be achieved by
minimizing the Lagrangian for some
Lagrange multiplier , thus achieving a point on the lower
convex hull of the set of all achievable distortion-rate pairs.

We now compute expressions for and . The
expected number of transmitted bytes is the sum of
the expected number of bytes transmitted for each data unit

(1)

where is the number of bytes in data unit and is the
expected number of transmitted bytes per source byte (under
policy ), called the expected cost. The expected distortion

can be expressed in terms of the expected error, or the
probability for that data unit does not
arrive at the receiver on time under policy

(2)

where is the expected reconstruction error for the presenta-
tion if no data units are received, and is
the expected reduction in reconstruction error associated with
data unit . Here, means that depends directly or indi-
rectly on .

Finding a policy vector that minimizes the expected La-
grangian , for , is difficult, since
the terms involving the individual policies in are not
independent. Specifically, the expression for the expected dis-
tortion cannot be split into a sum of terms, each depending on a
single . Therefore, we employ an iterative descent algorithm,
called the ISA algorithm, in which we minimize the objective
function one variable at a time, while keeping
the other variables constant, until convergence [24]. It can be
shown that the optimal individual policies at iteration , for

, are given by

(3)

where is the sensi-
tivity to losing data unit , i.e., the amount by which the expected
distortion will increase if data unit cannot be recovered at the
client, given the current transmission policies for the other data
units.7 Another interpretation of is as the partial derivative
of (2) with respect to , evaluated at .

The minimization (3) is now simple, since each data unit
can be considered in isolation. Indeed, the optimal transmission
policy for data unit minimizes the “per data unit” La-
grangian , where . Thus, to min-
imize (3) for any and , it suffices to know the lower convex
hull of the function , which
we call the expected error-cost function. The error-cost function
can be considered as a normalized distortion-rate function per-
taining to the transmission of a single dimensionless data unit,

7Here, denotes a summation over the data units l that depend directly
or indirectly on l. Likewise, denotes a product over the data units
l 6= l on which l depends, directly or indirectly.

and it depends only on the transmission scenario and the channel
characteristics. In the next section, we show how to compute the
expected error-cost function for the family of transmission poli-
cies corresponding to the IR scheme.

V. COMPUTING THE EXPECTED ERROR-COST FUNCTION

For transmitting a single data unit, we assume that there are
discrete transmission opportunities prior to the
data unit’s delivery deadline , at which the server is allowed
to transmit either a systematic packet or a parity packet for the
data unit. The server need not transmit a packet at every trans-
mission opportunity. As described in Section III, if the server
transmits a packet at a transmission opportunity, it must be a
systematic packet if a NAK has not yet been received; other-
wise, it must be a parity packet. The server does not transmit
any packets after an ACK is received.8

At each transmission opportunity , the
server takes an action , where if the server sends a
packet and , otherwise. Then, at the next transmission
opportunity , the server makes an observation , where
is the set of acknowledgments received by the server in the in-
terval . For example, means
that during the interval , a NAK arrived for the packet
sent at time , and an ACK arrived for the packet sent at time

. The history, or the sequence of action-observation pairs
leading up to time , deter-

mines the state at time , as illustrated in Fig. 2. There-
fore, a state uniquely represents this sequence of action-obser-
vation pairs. If the final observation includes an ACK, then

is a final state. In addition, any state at time is a
final state. Final states in Fig. 2 are indicated by double circles.

The action taken at a nonfinal state determines the tran-
sition probability to the next state . For ex-
ample, in Fig. 2, if the action taken at the initial state is
(send), then the transition probabilities to the four states at time

are, respectively,
, and 0. (Recall that

is the probability that no response is received by the
server by time for a packet transmitted at time , and that
is the probability that the payload will be corrupted on the for-
ward channel.) On the other hand, if the action taken is
(don’t send), then the transition probabilities are, respectively,
0, 0, 0, and 1.

Formally, a policy is a mapping from nonfinal states
to actions. Thus, any policy induces a Markov chain with tran-
sition probabilities , and con-
sequently also induces a probability distribution on final states.

8As pointed out by an anonymous referee, other protocols may make sense
as well. For example, in the low BER regime, it may make sense for the server
to begin sending parity packets even before it has received a NAK (or an ACK),
since even if the client does not first receive a systematic packet, it can success-
fully decode a single parity packet if the parity packet is error free (which can be
verified by checking the CRC after a trial decoding). However, we have chosen
a scheme that ensures delivery of at least one systematic packet to the client.
The two schemes have almost identical performance in the low BER regime,
while our scheme has superior performance in the high BER regime, because
the client will never be forced to decode corrupted parity packets only, which is
not necessarily true for the alternative scheme outlined above. Nonetheless, one
may wish to consider different protocols, depending on the expected channel
parameters.
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Fig. 2. State space for a Markov decision process.

Let be a final state with history
, and let

be the sequence of states leading up to . Then has
probability , transmission
cost , and error if
contains an ACK, and otherwise, is equal to the
probability that none of the packets transmitted under
policy results in successful decoding by time ,
given . For example, if is the second state from the
top at time in Fig. 2, then a systematic packet was
sent at every transmission opportunity
and no acknowledgment was received. In that case,

,
where
is the probability that a packet transmitted at time either does
not arrive at the client application by time , or else its
payload is corrupted. Therefore, is a collection of all possible
paths through the state space described in Fig. 2.

Armed with definitions of probability, transmission cost,
and error for each final state, we can now express the ex-
pected cost and error for the Markov chain induced by policy

. We wish to find the policy
that minimizes , as discussed in the previous

section. In principle, it is possible to find this by enumerating
all possible policies , plotting the error-cost performances

in the error-cost plane, and producing an opera-
tional error-cost function for our scenario. Unfortunately, this is
unfeasible, since the number of states is on the order of ,
and hence, the number of policies is on the order of .

Rather than evaluating all possible policies , we evaluate
only a subset of them, taking an online, incremental approach
with two steps of look-ahead. More than two steps of look-ahead
unfortunately becomes mathematically intractable. Thus, at the
current transmission opportunity , the server evaluates only
four policies, which are all consistent with the history

leading up to state at time .
These four policies are denoted ,
and , where is the action to be taken at the current time

and, unless a final state is reached in the interim, is the

action to be taken at a future time . Of these four policies,
the policy is sought that minimizes , where

and are calculated conditioned on . Then is set
to the first action of , and the procedure is repeated
at each successive transmission opportunity until a final state
is reached. We furthermore allow to change at
each step to reflect the updated sensitivity , which we adjust
at every transmission opportunity using the ISA algorithm of the
previous section. It should be noted that if , then it
does not make sense to consider a second transmission at time

. In that case, we evaluate only two policies, denoted
and , which are, respectively, equal to

and for . Note that three cases of transmission
history can be differentiated: 1) no previous transmissions, i.e.,

; 2) previous transmissions but
no previous NAKs, i.e., ; and 3)
previous transmissions, as well as previous NAKs.

As shown in the Appendix, the expressions for the error-cost
performances of the four policies , and
for transmission history cases 1) and 2) can be represented to-
gether as
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where

The conditional probabilities in these expressions can be com-
puted simply by converting them to unconditional probabilities
using Bayes’ rule, e.g.,

.
Unfortunately, expressions for the error-cost performances of

the four policies for the transmission history case 3) are in-
tractably complex for general delay densities. However, when
the forward and backward delays are constant (i.e.,
and for constants and ), then exact expres-
sions for the error-cost performances are possible

where
, and are numbers that depend on the transmission

history, , and are binomial distribu-
tions, and for this case is defined in the Appendix.
We evaluate empirically in the first part of the next section.

VI. EXPERIMENTAL RESULTS

In this section, we report our experimental results. First we
examine the performance of the IR scheme. Then, we analyze
the error-cost optimized transmission of a single data unit for
the three scenarios of transmission history, using the equations
from the previous section. Finally, we evaluate the end-to-end
distortion-rate performance of our system for streaming of an
entire audio presentation.

A. Performance of the IR Transmission Scheme

We assess the performance of the IR scheme by evaluating
the probability of decoding failure (PoDF), introduced earlier as

. As explained, this is the probability of the event that
it takes more than parity packets, arriving at the client after a
systematic packet, for successful decoding. The PoDF were ob-
tained through extensive simulations. Each simulation run con-
sisted of a transmission of a set of 1000 data units, each of size
500 bytes. The data units were transmitted through a BSC, with
a different BER for every simulation run. The set of BER values
that was used is .

We used a CRC code with generator polynomial
[30]. The RSC code was a rate- bi-

nary code with generator polynomial matrix
[31]. For every data unit, there could be at

most 10 (1 systematic 9 parity) packets sent by the server and
received by the client at the other side of the communication
channel. This is an overestimate of the maximum number of
packets needed for successful decoding, as the results will show
later on. The list size of the Viterbi decoder was also set to 10, as

Fig. 3. PoDF versus number of parity packets received.

was the maximum number of iterations for the turbo decoding
algorithm. The first parity packet was obtained by terminating
the trellis of the RSC code with two tail bits. The trellises for
the successive parity packets were not terminated.

For every data unit in a simulation run, given a channel real-
ization with a particular BER value, we recorded the number of
parity packets needed for successful decoding. The probabilities
of decoding failure for a given BER value were calculated
using histograms of these numbers over all data units.

It can be seen from Fig. 3 that for BERs , at most two
parity packets are needed for decoding. On the whole, including
BER , not more than four parity packets suffice to ob-
serve success in decoding in every instance. In [32], we also
evaluate the PoDF as a function of the number of paths for the
list Viterbi decoder, and the number of iterations for the turbo
decoding algorithm. Those results are not included here, due to
space considerations.

B. Error-Cost Performances

In this subsection, we examine the expected error-cost func-
tion for transmission of a single data unit, computed for different
BERs and different transmission histories, using the probabili-
ties of decoding failure evaluated in the previous section. In our
experiments, we use ms as the nominal time between
transmission opportunities . We set
with . The latter inequality ensures that a
packet transmitted at time has a nonzero probability of ar-
riving at the client on time; the exact value of is otherwise
immaterial. The forward and backward communication chan-
nels are symmetric and are given by % and

, where . That is, unless
there is loss, and . We examine residual
bit-error rates for the wire-
less link. We assume a payload size bits for data
packets on the forward channel, a payload size for ac-
knowledgment packets on the backward channel, and a packet
header size bits for both data and acknowledgment
packets.
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Fig. 4. Error-cost function without previous transmissions.

Fig. 4 shows error-cost functions in the case of no previous
transmissions, for various BERs. It can be seen that for policy

, the expected cost is 0 and the expected error is 1, since
nothing is transmitted. The expected error-cost performances
for policies and are identical, since there are no pre-
vious transmissions, and transmission at either or has
the same chance of arriving at the client by . The expected
error is smallest, and conversely, the expected cost is largest, for
policy . The error-cost performance gets worse as the BER
increases, until it is nearly useless to send a single systematic
packet, since its payload will be corrupted with probability near
one.

Fig. 5 shows error-cost functions in the cases of previous
transmissions with and without previous acknowledgment,
for various BERs. In particular, Fig. 5(a)–(c) show error-cost
functions for a history of one single transmission of a system-
atic packet, at time for Fig. 5(a), and at time
for Fig. 5(b) and (c). Histories in the latter two figures are
distinguished by their acknowledgment. In Fig. 5(b), the pre-
vious transmission is not acknowledged, while in Fig. 5(c),
the previous transmission is negatively acknowledged, by time

. Fig. 5(a) shows, in contrast to Fig. 4, that the expected
error for policy is generally not 1 (unless the BER is
sufficiently high), because of the earlier transmission of a
systematic packet at time , which is likely to be received
without corruption. However, Fig. 5(b) and (c) show that as
time progresses and the earlier transmission falls further into
the past at time , if there is no ACK for the systematic
packet, then the expected error rises, while if there is a NAK,
then the expected error returns to 1 for policy . However,
the expected error for the other policies in Fig. 5(c) is generally
lower than in Fig. 5(b) because, as the NAK for time
indicates, the client possesses a systematic packet that can
dramatically decrease the expected error when the next parity
packet is sent, especially when the BER is high. Fig. 5(a) also
shows, in contrast to Fig. 4, that the error-cost performances
for the policies and are not identical. As long as it is
still possible to receive an ACK for the previous transmission,

Fig. 5. Error-cost function for transmission history cases 2) and 3).

it is preferable to delay sending the next packet. In fact, the
policy does not even lie on the lower convex hull. The
error-cost performances of the policies and collapse
again in Fig. 5(b) and (c).

Fig. 5(d)–(f) show error-cost functions for a history of two
transmissions: a NAK’d systematic packet and a parity packet,
respectively, at times and for Fig. 5(d), and,
respectively, at times and for Fig. 5(e) and
(f). Again, the latter two figures are distinguished by their ac-
knowledgment. In Fig. 5(e), the parity packet is NAK’d, while
in Fig. 5(f), it is not NAK’d, by time . The figures are sim-
ilar to Fig. 5(a)–(c), except that the error-cost performances in
Fig. 5(d)–(f) are generally lower than in Fig. 5(a)–(c), because
the NAK’d systematic packet in the histories of Fig. 5(d)–(f)
indicates that the client possesses a systematic packet that can
dramatically decrease the expected error when the next parity
packet is sent. It is interesting to note that the performances of
policies and from Fig. 5(d) match the performances
of policies and from Fig. 5(c).

C. Distortion-Rate Optimized Streaming

Here we investigate the end-to-end distortion-rate perfor-
mance for streaming one minute of packetized audio content
using different methods. The audio content, the first minute of
Sarah McLachlan’s Building a Mystery, is compressed using
a scalable version of the Windows Media Audio codec. The
codec produces a group of 12 500-byte data units every 0.75
seconds for a maximum data rate of 64 kb/s. All twelve data
units in the th group receive the same decoding timestamp,
equal to 0.75 .

We compare two streaming systems. Both of them perform
rate-distortion optimized scheduling of the packet transmissions
at the sender, with the Lagrange multiplier fixed for the entire
presentation. In each one of them, the server uses its history of
previous transmissions, as well as its history of acknowledgment
to determine which packets to transmit (or retransmit) at a trans-
mission opportunity. The first system, ACK-only, is the system
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Fig. 6. R�D performance for ACK-only (dashed) versus ACK+NAK (solid).
Header size = 320 b, and BER = 10 : 10 .

introduced in [24] and [25]. Here the server can transmit only
data packets to the client, and only ACK can be sent back to the
server upon receipt of packets by the client. The second system,
ACK NAK, is the system described in this paper. In addition
to data packets, here the server can also transmit parity packets.
Furthermore, the client can also respond with a NAK upon re-
ceipt of a packet.

Both streaming systems use the same playback delay
(750 ms). The communication channel is specified with the
following parameters: % ms,

ms nodes, and
ms , where as the delay density

, we use the shifted Gamma distribution with parameters
and right shift . Transmitted packets are

dropped at random, with the modified drop rate, , to account
for the nonzero BER. Those packets that are not dropped
receive a random delay, and their payload is corrupted with
the given BER of the channel, using a pseudorandom number
generator. The pseudorandom number generator is initialized to
the same seed for each of the systems under comparison. Two
cases for the packet header size are studied: regular (320 bits)
and compressed (32 bits). A compressed IP/UDP/RTP header
size of 32 bits is typical using header compression schemes
such as [33].

We examine the signal-to-noise ratio (SNR) in decibels
of the end-to-end perceptual distortion, averaged over the
one-minute-long audio clip, as a function of the available
transmission rate (kb/s). Fig. 6 illustrates the SNR performance
of the two systems for the case of regular header size. It can be
seen from the figure that for low BERs, both systems perform
similarly, with the ACK NAK system doing a bit better
than the ACK-only system. The difference in performance
becomes more exaggerated when the BER starts increasing. It
is interesting to note that for BER the performance of
the ACK-only system collapses, while the ACK NAK system
is still able to maintain a reasonable QoS. Here, the difference
in performance increases as the transmission rate increases.

Fig. 7. R�D performance for ACK-only (dashed) versus ACK+NAK (solid).
Header size = 32 b, and BER = 10 : 10 .

The performance gains reach up to 6.7 dB at transmission rate
of 200 kb/s. Finally, for BER , even the performance
of the ACK NAK system collapses. This can be explained
by the fact that at such high BERs, every single packet is
received with a corrupted header, and thus is dropped by the IP
layer at the client side. Hence, the client never gets a chance
to see a transmitted packet and exploit the benefits of the IR
transmission scheme.

A similar situation is observed for the compressed header
case, as shown in Fig. 7. The difference in performance is min-
imal for low BERs, with the gap in performance becoming more
significant as the BER increases. The major difference between
the two header size cases is in the performance of the ACK

NAK system for BER . Due to the smaller header
size here, the IR scheme can still be exploited by the client,
even at this BER. In other words, for header size of 320 b, the
probability that the header will be corrupted at BER
is near one, while for header size of 32 b, this is significantly
less than one. Therefore, some packets actually make it to the
client. Maximum performance gains of 8 and 6.4 dB are ob-
served at transmission rate of 200 kb/s for BERs of and

, respectively. Lastly, for the same reasons as in the first
header-size case, even the ACK NAK system performs poorly
at extremely high BERs .

VII. CONCLUSION

A system for distortion-rate optimized streaming to wireless
clients over lossy packet networks has been presented. The
system consists of an IR transmission scheme, which enables
the clients to exploit the information in corrupted payloads,
and a rate-distortion optimization algorithm for scheduling the
transmission of the systematic and parity packets. By taking
advantage of the unequal sensitivity of a multimedia presen-
tation to the loss of different components, and the fact that
the client can observe corrupted payloads, our system obtains
superior performance over existing solutions, and thus uses the
available bandwidth in a most cost-effective way. However,
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for extremely high BERs (above ), header corruption
limits the effectiveness of our system. Further improvement
requires that the IP/UDP/RTP headers are protected below the
application layer, i.e., at the link, network, and transport layers.
Finally, the novel contributions of this paper can be summarized
with the following.

• Introduction of an IR error-control scheme for media
streaming. The scheme is implemented at the application
layer and operates in an end-to-end fashion.

• Derivation of a decision framework that optimizes in a
rate-distortion sense the packet transmissions of the IR
scheme.

APPENDIX

In this appendix, we derive expressions for the error-cost per-
formances of the four policies, ,
and at transmission opportunities and , for

. For , the error-cost performances of the poli-
cies and are, respectively, equal to those of the
policies and . To simplify notation in
the following, without loss of generality (since and are
arbitrary), we take .

In the next three subsections, we evaluate the error-cost per-
formances of the four policies for the three cases of transmission
history: 1) when there are no previous transmissions, i.e.,

; 2) when there are previous transmissions
but no previous NAKs, i.e., ; and
3) when there are previous transmissions, as well as previous
NAKs.

A. No Previous Transmissions

If there are no previous transmissions of a data unit, then the
expected error and cost for the trivial policy
are simply

This is because if a data unit is never transmitted, then the data
unit will surely not arrive on time at the client, and no cost will
be incurred.

To express the expected error and cost for the other policies,
we define to be the probability that a packet
transmitted from the server to the client at time either is not
received by the client application by time or else its payload
is corrupted. That is

Then the expected error-cost performances for the policies
and are

This is because if only a single packet for a data unit is trans-
mitted, then the data unit will not arrive on time at the client,
uncorrupted, if of the packet is greater than the amount
of time before the deadline. Furthermore, the cost incurred will

be exactly one, i.e., a redundancy of exactly one transmitted byte
per information byte.

The expected error-cost performance for the policy
requires a little more work. After

the systematic packet is transmitted at time , the ac-
knowledgment observed in the interval are either

, or with respective probabili-
ties

, and .
If , then the conditional expected error is zero.
If , then another systematic packet is transmitted at time

, and the conditional expected error is the probability that
both systematic packets are lost or else have corrupted payloads,
i.e.,

. However, if , then a parity packet
is transmitted at time and the conditional expected error is

, where

is the probability that a parity packet transmitted from the server
to the client at time either is not received by the client appli-
cation by time , or else it cannot be successfully decoded
using the previously received systematic packet. As explained
earlier in Section III, is the conditional probability that
the first parity packet that arrives at the client will fail to de-
code, given that the systematic packet has been received with
a corrupted payload. Hence, the error-cost performance for the
policy is

B. Previous Transmissions Without NAKS

Let be the history leading
up to the current state at the current transmission opportunity

. In this subsection, we assume that the server has received no
ACK/NAK up to time , that is, . Thus, whenever

for , the server has transmitted a systematic packet
rather than a parity packet at time . Furthermore, if ,
the server will transmit a systematic packet at time as well.

First let us evaluate the transition probabilities from state at
time to state at time . Regardless of whether
or , these transition probabilities have identical expres-
sions (as functions of ), so we consider both cases simultane-
ously.

Observe that either contains an ACK, or else it does not
contain an ACK. If contains an ACK, then is a final
state. This happens whenever it is not true that every previously
transmitted packet has either had no acknowledgment or else
has been NAK’d, by time . That is

(4)
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where is the probability that a packet trans-
mitted at time has either had no acknowledgment or else has
been NAK’d by time , that is

In the event that contains an ACK, the conditional expected
error (given the final state ) is 0.

On the other hand, if does not contain an ACK, then for
each such that , there are only two possibilities:
either or . Thus, there are pos-
sible values of not containing ACKs, where
is the number of previously transmitted packets. Each of the

corresponding transitions ends in a nonfinal state with
probability

(5)

where

(6)

is the probability that the packet transmitted at time does not
result in any kind of acknowledgment by time , and

(7)

is the probability that the packet does result in an acknowledg-
ment, but the acknowledgment is negative.

Now, the conditional expected error (given the nonfinal state
) depends on whether or . If ,

then the conditional expected error, given , is the probability
that not one of the non-NAK’d systematic packets transmitted
up to and including time reaches the client application with
an uncorrupted payload by time , that is

(8)

where

(9)

It is worth noting, at this point, that any of the expressions [such
as (9)] of the form can be re-expressed as either

or . Hence, can also be
written

(10)

On the other hand, if , then the conditional expected
error, given , varies slightly depending on whether a sys-
tematic packet or a parity packet is transmitted at time . If

, then a systematic packet is transmitted at time , and

in that case, the expected error is the expression in (8) times the
probability that the last packet either is not received by the client
application or else its payload is corrupted. That is

(11)

On the other hand, if , then a parity packet is transmitted
at time , and in that case, the expected error is the expres-
sion in (8) times the probability that the parity packet either is
not received by the client application or else is not successfully
decoded. That is

(12)

Clearly, (11) and (12) differ only by the use of either or .
We can now compute the expected error for the four policies

, and . Putting together (5)
and (8), the expected error for can be computed as

(13)

(14)

(15)

In (13), the sum is over all nonfinal states , and corre-
spondingly, in (14), the sum is over all observations not
containing an ACK. In (15), the product is over all previously
transmitted packets. Equation (15) follows from (14), because,
in general, is the sum of the terms containing
all possible products

. The factors can
be simplified as follows. Putting together (6) and (10), we have

(16)

(17)

Equation (17) follows from (16) because
implies , which, in turn, implies

. Hence
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Now, putting together (17) and (7), we have

(18)

In summary, combining (18) and (15), we have

The expected error for can also be computed, by
building on the above results with some care. When ,
according to (11) and (12), the one term in (14) corresponding to

is multiplied by , while the
remaining terms are multiplied by

. Hence, to get , we multiply all terms in
by and then adjust by adding and subtracting the

first term (corresponding to ) multiplied by and ,
respectively. That is

The expected costs of the four policies are far simpler to de-
scribe. Using (4), we can compute as

It can be shown that these expressions for the expected error and
cost reduce to those in the Appendix, section A.

C. Previous Transmissions With NAKS

In this section, we derive expressions for the expected error
and cost in the case where the history includes previous trans-
missions and at least one NAK. As explained earlier, these
expressions are, in general, analytically intractable. Using the
“two-delta” model introduced in Section V, they simplify to
something tractable, as we shall see. It should be noted that in
a “two-delta” model, the forward, backward, and round-trip
times are essentially deterministic, except in the event of loss.

Let be the number of systematic packets transmitted
(at least one of which is NAK’d) and let be the
number of parity packets subsequently transmitted, prior to the
current transmission opportunity . Furthermore, let be
the number of “old” parity packets transmitted prior to ,
and let be the number of “new” parity
packets transmitted at or after . For the “old” parity
packets, by time , the server receives all the acknowledgment
it is ever going to get. For the “new” parity packets, by time

, the server can receive no acknowledgment. However, by
time , for the new parity packets (including, if any, the
parity packet transmitted at time ), the server receives all the
acknowledgment it is ever going to get. Here, we are assuming
that , since we are only interested in evaluating
those policies where there is a chance that the packet
transmitted at time can be acknowledged by time .

Consider the last packet for which the server receives a NAK
by time . This packet could be a systematic packet, if there are
no NAK’d parity packets, or it could be an “old” parity packet.
Let be the transmission time of this last NAK’d packet.
Now partition the “old” parity packets into three groups. Let

be the number of “old, NAK’d” parity packets for which
the server receives NAKs. Let be the number of “old,
unacknowledged, pre- ” parity packets for which the server
receives no acknowledgment, but are transmitted before .
Finally, let be the number of “old, unacknowledged, post- ”
parity packets for which the server receives no acknowledgment,
but are transmitted after .

Of the “old, unacknowledged, pre- ” packets, let
be the number that eventually arrives at the client

application. Next, of the “old, unacknowledged, post- ”
packets, let be the number that eventu-
ally arrives at the client application. It can be seen that these
numbers are probabilistically independent, and have probability
mass functions (pmfs)

for

This is because

is the probability that a packet does not eventually arrive at the
client application, given that the server receives no acknowledg-
ment for it.

Similarly, of the “new” parity packets,
including, if any, the parity packets transmitted at and , let

be the number that arrives
at the client by time . It can be seen that is independent
of and , and that the pmf of is

Here, we are assuming that , since we are only
interested in evaluating those policies where there is a
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if

if

if

chance that the packet transmitted at time can arrive at the
client by time .

We know that successful decoding does not occur for any of
the “pre- ” parity packets that arrive at the client ap-
plication, because the server receives a NAK for the last of these.
However, we do not know a priori whether successful decoding
occurs for any of the remaining “post- ” parity packets
that arrive at the client application. The probability that none of
the latter “post- ” packets are successfully decoded,
given that none of the former “pre- ” packets are
successfully decoded, is . Thus, the
probability that none of the parity packets that eventually arrive
at the client application (however many there are) can be suc-
cessfully decoded is

Since this event is independent of the received systematic
packets, the probability of error can be expressed

where is the prob-
ability that none of the post- systematic packets arrives at
the client with an uncorrupted payload. These are systematic
packets transmitted after and there are (if any) of them.
Due to the two-delta channel model, attains this form, and
can be calculated as

Finally, consider the expected cost. As in the previous sub-
section, the expected cost can be expressed

where (which depends on ) is the probability that an
acknowledgment will be received by time . Therefore, it
suffices to derive an expression for .

As above, of the “old, unacknowledged, pre- ” parity
packets, let be the number that arrives at the client applica-
tion; of the “old, unacknowledged, post- ” parity packets,
let be the number that arrives at the client application; and of

the “new” parity packets, including, if any, the parity
packet transmitted at time , let be the number that arrive
at the client application. Of the latter, let be
the number that are not successfully decoded. That is, assume
that the first “new” packets arriving at the client application
are not successfully decoded, while the remaining are
successfully decoded. By definition, is the probability that
it takes more than parity packets for successful decoding.
That is, is the probability that a systematic packet
cannot be successfully decoded (i.e., its payload is corrupted),

is the probability that a systematic packet and one parity
packet cannot be successfully decoded, is the probability
that a systematic packet and two parity packets cannot be
successfully decoded, and so forth. Hence, the probability that

is at least one, given that the first parity packets
are not successfully decoded, is .
Likewise, the probability that is at least two, given that the
first parity packets are not successfully decoded, is

, and so on. Finally, the probability
that is (i.e., that none of the parity packets is successfully
decoded), given that the first parity packets are not
successfully decoded, is . Hence,
the pmf for is shown in the equation at the top of the page.
The client sends an ACK for each of the successfully
decoded packets, but the ACK never reaches the server with
probability . Hence, the probability that at least one ACK is
received is

and thus can be expressed as
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