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Institute for Communications Engineering
Munich University of Technology, Germany

h@tum.de

Thomas Stockhammer

Siemens AG - Mobile Phones
Munich, Germany

stockhammer@nomor.de

ABSTRACT

We consider wireless broadcasting of multimedia content to
allow asynchronous media access. Receivers subscribe at
any time to the ongoing broadcast session, but are still able
to display the media stream from the beginning. A fully
scalable broadcasting scheme is presented where the media
stream is appropriately segmented and segments are pro-
tected by fountain codes. The decoding behavior of rateless
codes on wireless as well as on erasure channels is consid-
ered within the framework of information collection. Asyn-
chronous data access and full reliability at the same time
are achieved. Depending on its receiving conditions the re-
ceiver adapts its initial playout delay for high probability
of successful playout. Analytical expressions for the failure
probability of successful media playout are derived depend-
ing on the initial delay and the channel conditions at the
receiver.

1. INTRODUCTION

In traditional broadcast environments all receivers retrieve
an identical media stream synchronously. Though late tune-
in is commonly supported by random access points in the
bit-stream, a delayed start of data reception results in the
miss of a significant amount of earlier content, depending on
the access time. In the contrast, video-on-demand schemes
allow media requests at arbitrary times. Trivial schemes op-
erating with individual point-to-point connections require
an infeasible amount of transmission bandwidth with in-
creasing number of receivers. Bandwidth in general is a
costly resource, especially in wireless environments. A huge
variety of broadcasting schemes for this purpose has been
developed and investigated [1, 2]. All of them have in com-
mon that media can be requested asynchronously by re-
ceivers, with tolerable and fixed bandwidth expansion, in-
dependent of the number of receivers, as well as acceptable
waiting times. However, these schemes only solve the prob-
lem of asynchronous media access, but do not provide any
loss resilience. Unfortunately, packet networks such as the
Internet suffer from losses. Therefore, the proposed broad-

cast schemes have been extended to operate in lossy envi-
ronments [3]. Additional error correction has been intro-
duced based on fixed rate channel codes, resulting in addi-
tional bandwidth requirement. Recently in [4] it was out-
lined that fixed rate codes should be replaced by rateless
codes or fountain codes. We describe a realization of the
proposed scheme, and we extend this work to wireless broad-
cast, where additional disturbances due to fading, interfer-
ence, and noise are experienced. We discuss the question,
how long a receiver with specific channel conditions should
delay the start of the media presentation in order to guaran-
tee a certain presentation reliability.

2. PRELIMINARIES

2.1. Problem Formalization

Assume an encoded media-stream P = P1, . . . ,PN , con-
taining media units Pn of size |Pn| and an assigned decod-
ing time-stamp (DTS) tDTS(n), where tDTS(1) = 0. The du-
ration of the media sequence is defined as T = tDTS(N).
Assume decoding of P1 starts at time td,1. Hence, the lat-
est decoding time for all remaining data units is fixed as
td,n = tDTS(n)+ td,1. If Pn is not available at the receiver at
time td,n it is considered as lost. Due to predictive coding,
e.g., in video, the loss of single data units might have sig-
nificant impact on the quality. Therefore, to provide suffi-
cient quality to the end user we define as successful playout
only those events for which all data units can be decoded
before their td,n. Obviously, this is a very restrictive ap-
proach and in practical systems some means to also decode
non-successfully received multimedia sequences might be
acceptable at the expense of degraded quality [5]. This is
not subject of this work. With this abstraction for the multi-
media application a receiver has basically only a single pa-
rameter to adjust, namely the specification of the decoding
time for the first data unit, td,1.

In unicast streaming environments, the receiver requests
a certain multimedia clip. The streaming server starts trans-
mitting data unit P1 and with some processing and algo-
rithmic delay, the decoder starts receiving P1 at time tr.
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The initial playout delay between the multimedia request
and the playout of the first data unit, ∆, is determined as
∆ = td,1 − tr. It is obvious that there exists a tradeoff in
the selection of the initial delay ∆: Large ∆s guarantee that
it is likely that all data units are received in time, but they
are annoying to the end user. In [5], we have developed a
framework for unicast streaming which allows to find up-
per bounds on the probability that successful playout is not
possible for different initial playout delays depending on the
statistics of a wireless channel.

In a broadcast environment, the scenario is different.
The media server broadcasts content without receiving a re-
quest from users. Unfortunately, users can only synchro-
nously join broadcast sessions by tuning in at a pre-deter-
mined receiving time tr,1 and playout is started at a pre-
determined decoding time td,1. In general it is not possi-
ble for users in a broadcast scenario to request individual
transmission of a stream due to missing feedback links as
well as due to missing capacities in the downlink to sup-
port the request of each user individually. So the follow-
ing questions arise: (i) How can low-delay and efficient
asynchronous media delivery be achieved in lossless broad-
cast environments? (ii) How can reliability be achieved for
asynchronous wireless multimedia transmission? (iii) Can
these concepts be combined to obtain sufficient reliability,
low delay, and efficient channel exploitation? (iv) What are
the tradeoffs between initial playout delay and successful
playout probability depending on the receiving conditions
for individual users participating in asynchronous wireless
multimedia broadcast?

2.2. Asynchronous Media Delivery

To formalize the concept of asynchronous delivery in broad-
cast environments, we assume that the receiver again ”re-
quests” a media stream at some arbitrary time tr by tuning
into an ongoing broadcast rather than issuing a request to
the streaming server. An obvious solution for asynchronous
reception is repetition of the stream, referred to as broad-
cast disk, there the waiting time can be as large as ∆ = T .
Reduction of the waiting time can be achieved by expand-
ing the bandwidth by some factor ω. A trivial approach
would be to broadcast the same media stream on K par-
allel channels. On each channel a delayed version of the
media stream is offered with a delay shift of T/K. This
allows receivers to successfully playout the stream with a
worst case delay of ∆ = T/K resulting in a bandwidth ex-
pansion of ω = K. More sophisticated schemes [1, 2] have
been proposed which allow to reduce the bandwidth expan-
sion without increasing the initial delay. Most of them have
in common that the media bitstream is segmented into seg-
ments Si whereby each segment is periodically transmitted
on different channels, but each channel is assigned a differ-
ent transmission rate. The segments Si, i = 1, . . . , S are

obtained by segmenting the entire media stream into S seg-
ments, such that each segment contains a number Ni con-
secutive data units Pn. Furthermore, we basically treat each
segment as super data unit such that each segment gets as-
signed a segment size |Si| as well as a latest decoding time
tDTS(Si) representing the earliest decoding time of any con-
tained data units in this segment.

3. FEC FOR ASYNCHRONOUS RECEPTION

3.1. FEC for Erasure Channels

Assume a single segment S composed of k source pack-
ets of equal size being transmitted periodically. In case of
unreliable transmission packets are lost. Either one has to
deal with errors in the decoded media, or has to wait even
much longer before this exact replica of the lost data is
transmitted some time later. To increase reliability, a For-
ward Error Correction (FEC) code with some fixed code
rate r to this single data stream could be applied. More-
over, in in a broadcast environment different receivers ex-
perience different loss rates and different loss patterns. As-
suming that receivers tune in at arbitrary time, receivers
with error-free channels have to accept that they receive a
significant amount of useless information, namely the parity
packets. In contrast, for bad users, the parity packets might
not be sufficient to decode all original source packets such
that they have to wait for another round in the broadcast
disk. Again, these receivers generally receive a significant
amount of useless data.

To avoid these problems, the notion of rateless channel
codes has been coined indicating that an infinite amount of
parity packets n for k source packets can be generated, ie,
the code rate approaches 0. These codes are also referred
to as fountain codes. In the following we outline the ba-
sic concept of rateless codes and their application for asyn-
chronous and reliable data broadcast. For a detailed descrip-
tion we refer to [6, 7]. An potentially infinite number of en-
coding packets n from k source packets is generated on the
fly, which are broadcasted consecutively. An ideal fountain
code (on an erasure channel) is defined having the property
to reconstruct the entire source message reliably from any
k received encoding packets. This allows receivers to sub-
scribe to the ongoing broadcast session at arbitrary time and
to collect any k packets not even in a consecutive manner.
In lossy environments receivers just wait until they receive
any k packets before being able to start playout. No receiver
receives useless information.

Although ideal fountain codes have not been found so
far, practical codes are capable to approach the performance
of ideal codes very well. Usually only a slightly increased
number k′ of packets have to be received. Practical approx-
imations of a digital fountain for packet loss channels have



been proposed by LT-Codes and Raptor codes [6] approach-
ing ε , (k′ − k)/k → 0.

3.2. Generalized Framework: Information Collection

Consider a single segment S containing k = |S| bits. S
is encoded with a fountain code F to obtain a code word
X = F(S) of length ñ whereby ñ → ∞. Assume that code
word X is sequentially broadcasted block-wise over radio
slots m containing M bits each resulting in n̂ = ñ/M → ∞
transmission slots. Within each slot m, a certain receiver
observes a channel state γm. Assume that γm is a realization
of a random variable Γm, e.g., fading in wireless transmis-
sion. Let us define a receiver pattern r = (r1, r2, . . . .), with
rm ∈ {0, 1} and rm = 1 indicating slots m to which the re-
ceiver listens to. Let po(k, r) denote the probability that
the information of size k cannot be decoded when listening
to radio slots according to a specific receiver pattern r. In
practice po(k, r) for a certain fountain code in combination
with a specific decoder can be obtained by appropriate sim-
ulation campaigns. In oder to evaluate information theoretic
limits of fountain codes operating on other channel types
than the erasure channel, we defined in [8] asymptotically
optimal fountain codes to fulfill the following property:

po(k, r) = Pr

{

M

∞
∑

m=1

rm · RI(Γm) ≤ k

}

, (1)

with RI(γ) the mutual information between the input and
the output for this specific channel state γ. This framework
generalizes the idea of asynchronous reception which has
almost exclusively been considered for erasure channels up
to now. From a receiver point of view, it basically collects
information from slots with certain channel states γm un-
til sufficient information is available for successful decod-
ing the specific fountain. This receiver operation is denoted
as asynchronous information collection. Moreover, in [8]
we showed that LT-codes in combination with soft-in belief
propagation decoding operate quite close to the optimum in
(1) when operated on the AWGN and fading channel.

4. ASYNCHRONOUS WIRELESS STREAMING

4.1. Rateless Broadcasting for Asynchronous Reception

Consider a segmentation Si as introduced in Section 2.2 by
any appropriate algorithm [1, 2]. The optimization of the
segmentation is not considered in this work. Then, each seg-
ment Si containing |Si| information bits is encoded with an
individual fountain code Fi, ie, Xi = Fi(Si). Slotted trans-
mission of each segment fountain code word, Xi, is per-
formed, whereby each segment fountainXi gets assigned an
individual transmission rate Ωi. We assume that the overall
transmission rate Ω is shared among different segments by

any orthogonal multiplexing method such that
∑

i Ωi = Ω.
Therefore, segment fountains Xi are alternatingly mapped
to transmission slots with weight according to their rate Ωi.
The multiplexing period α determines the number of trans-
mission slots such that within one period a certain segment
gets assigned αΩi/Ω transmission slots. At the receiver it is
not important which radio slots have been received, but only
that sufficient information for each fountain is collected for
successful decoding. Hence, this scheme provides two fea-
tures at the same time: (i) full reliability can be achieved if
the receiver just waits long enough until sufficient informa-
tion is collected; (ii) asynchronous reception is realized by
the properties of fountain codes. The playout delay for each
user can be adapted to its actual channel characteristics.

4.2. Service Outage

In order to allow proper presentation of the media at the
receiver the reconstruction of each segment Si should take
place before its reconstruction deadline, tRTS(Si), expires.
However, the receiver obviously wants to start decoding and
presenting the first segment Si although the reception for
the remaining segments is still ongoing. Hence we are in-
terested how long a receiver should delay the presentation of
the first segment in a lossy environment in order to achieve
a desired service reliability? To answer this question, we as-
sume that the receiver is at least aware of its channel statis-
tics Γm, e.g., the loss probability of radio blocks or the
distribution of the SNR, and that the channel is stationary
during the reception time of the sequence. Without loss
of generality, we assume that the receiver tunes into the
ongoing broadcasted session at tr = 0. Assume that the
decoder decides for a playout delay ∆: Then, with seg-
ment DTS tDTS(Si), the latest time each segment fountain
Xi must be reconstructed to avoid a playout problem results
in tRTS(Si) = tDTS(Si) + ∆. Let Ni(t) denote the number of
transmitted radio slots from segment fountain Xi up to time
t. We assume that once the receiver subscribes to the broad-
cast session it stays tuned and, therefore, the receiver like-
wise listens to Ni(t) radio blocks up to time t resulting in
an equivalent receiver pattern ri(t) for segment fountainXi,
with ri,m = 1 ∀1≤m≤Ni(t) and ri,m = 0 ∀m>Ni(t). Then,
the probability pout(Si) that segment Si cannot be recon-
structed in time results in pout(Si) = po(|Si|, ri(tRTS(Si) =
tDTS(Si) + ∆)). Therefore, for i.i.d channel states Γm, the
probability POUT(∆) that at least one segments cannot be re-
constructed in time, and, hence the media sequence cannot
be played out successfully yields

POUT(∆) = 1−
S

∏

i=1

(

1− po

(

|Si|, ri(tDTS(Si) + ∆)
)

)

. (2)

Assuming that the receiver is aware of the channel statistics
Γm, the media segmentation Si, the segment decoding time



stamps tDTS(Si), and the transmission rates Ωi, each receiver
can decide how long to wait in order to achieve a sufficiently
small service outage probability POUT(∆). Alternatively, the
calculation can be performed at the transmitter in advance
for a set of channel parameters [5] and is made available
within the setup of the broadcast session.

5. PERFORMANCE EVALUATION
In order to validate our analytical findings, we evaluate (2)
for Harmonic Broadcasting (HB) [2]. We consider a CBR
media stream with data rate Rd = 128 kbit/s and duration
T = 2 hours. HB was shown to be bandwidth-optimal for
CBR media [2]. The bit-stream is segmented in segments
S of equal size, ie, ∀i|Si| = k. We select k = T ·Rd

S

for both S ∈ {18, 36}. The radio block size is selected
as M = 160 bits, the multiplexing period α and Ωi as
α = (|S| · H(S))/M and Ωi = 1/(i · H(S)) respec-
tively, with H(n) =

∑n

i=1 1/i. This results in a band-
width expansion of ω = 3.5 and ω = 4.2 for S = 18
and S = 36, respectively. The transmission time interval
interval ttti between two consecutive radio blocks is set to
ttti = Rd · H(S)/M . We consider transmission over the
AWGN channel for different ES/N0. Two modes of oper-
ation are compared. The first mode investigates the perfor-
mance when erasure based decoding of the segment foun-
tains is considered. For this, appropriate erasure declaration
of radio blocks is required, ie, radio blocks are declared
as erased at the receiver if residual bit errors within a ra-
dio block are detected. In the second scheme, erroneous
radio blocks are not declared as erased, but soft informa-
tion about each bit is propagated to the fountain decoder.
For a more detailed description we refer to [8]. Our results
were obtained with a combination of analytical and numeri-
cal methods, based on the assumption of asymptotically op-
timal fountain codes with properties according to (1). We
evaluated (2) for a different ES/N0 and determined the re-
quired initial playout delay ∆ such that the resulting outage
probability is arbitrary small, ie, POUT < 10−6. Figure 1
shows the required initial delay ∆ over ES/N0 in dB. Ba-
sically, the following conclusions can be drawn. First, with
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Fig. 1. Performance results: Initial delay ∆ vs. ES/N0.

decreasing ES/N0 the required initial delay is increasing.
This comes from the fact that more time is required in order
to allow successful reconstruction of every segment. Sec-
ond, with increasing bandwidth expansion, ie, with increas-
ing number of segments, the initial delay can be reduced.
Soft decoding outperforms the erasure based scheme and re-
duces the required ∆ significantly. Finally, even if no losses
are present (for high ES/N0) a minimum initial delay is re-
quired resulting from the broadcasting scheme itself.

6. CONCLUSIONS
We considered wireless broadcasting of multimedia con-
tent with asynchronous media access. Receivers subscribe
at any time to the ongoing broadcast session, but are still
able to display the media stream from the beginning. We
followed the ideas in [4] and extended the work to wire-
less environments. Thereby, the media stream is segmented
and each segment is protected by a rateless codes. Each
encoded segment is broadcasted at different rate. We intro-
duced means for evaluating the decoding behavior of rate-
less codes on wireless as well as on erasure channels. The
presented framework allows asynchronous data reception as
well as full reliability at the same time. Further, error con-
trol is fully shifted to the receiver side and is achieved by
delayed media presentation. The presented scheme is fully
scalable and allows an arbitrary number of heterogeneous
receivers. Finally, we derived analytical expressions for the
probability of non-successful media playout. This allows
receivers to adjust a desired service reliability by delaying
the playout for a sufficient time. Performance results were
presented showing the practicality of the discussed frame-
work. Future work will consider scalable media and the
overhead of practical fountain codes.
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