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Abstract—With the prevalence of smart mobile devices and
surveillance cameras, the traffic load within the Internet of
Things (IoT) has shifted away from non-multimedia data to
multimedia traffics, particularly, the video content. However,
the explosive demand for real-time video communication over
wireless networks in IoT is constantly challenging both video
coding and communication research communities. The state-of-
the-art answer to this challenge is sliding-window-based Delay-
Aware Fountain (DAF) codes, which combine the channel-
adaptive feature in rateless coding and the delay-aware feature
in video coding. However, the high computational cost and large
delay make it impractical for real-time streaming. To address this
issue, we integrate the Model Predictive Control (MPC) technique
into DAF codes, so the complexity is lowered to an affordable
level so that real-time video encoding is supported. Two schemes
are developed in this paper: (i) DAF-S, the small-horizon DAF
codes, and (ii) DAF-O, the MPC-based DAF using video bit rate
prediction. The advantages of both designs are validated through
theoretical analysis and comprehensive experiments. The results
of simulation experiments show that the decoding ratio of DAF-S
is close to the global optimum in DAF codes, and higher than the
other existing schemes; DAF-O outperforms the state-of-the-art
real-time video communication algorithms.

Index Terms—Wireless networks, Fountain codes, Video com-
munication, Model predictive control.

I. INTRODUCTION

Internet of Things (IoT) has witnessed the explosive growth
of video traffic over the recent decade, especially after the
prevalence of smart mobile devices and surveillance cameras.
At the same time, IoT nowadays relies more and more on
wireless networks. The most ambitious on-going projects
include Google’s Project Loon and Facebook Aquila, which
are both to try to beam the Internet down from the skies
wirelessly, making it ubiquitous around the globe.

Because IoT devices with video-based applications provide
the high accuracy and convenience that no simple sensor in
the past can provide, innovative applications of real-time video
communication over wireless networks could touch people’s
lives in profound and different ways. For example, it can
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enable the first responders to evaluate the severity of an
emergency situation before they arrive on the scene through
the real-time video provided by the caller’s smart phone. The
municipal governments can also monitor the road traffic on
real-time through the cameras mounted on the drones that fly
over wherever the traffic jams.

Current research directions on IoT mainly focus on the
sensing and actuating capabilities and networking techniques.
However, with the dramatic growth of video service quality
(720p, 1080p, 4K), the challenges posed by video communi-
cations over wireless networks between IoT devices should be
given more consideration.

In order to deal with the stochastic loss in a wireless
network, the Forward Error Correction (FEC) codes are devel-
oped. One important class of FEC codes are fountain codes
[1], such as Luby transform (LT) code [2] and Raptor code
[3]. With fountain codes, encoded packets are generated from
a given set of native packets, such that the original file can
ideally be recovered as long as the number of the received
packets is equal to or only slightly larger than the number
of native packets. For example, given a file consisting of a
sufficiently large number of native packets k, with the latest
generation of fountain codes, the RaptorQ codes [4], the
chance of decoding failure is less than 1% upon receiving
k packets, and less than one in a million upon receiving
k + 2 packets [5]. The major advantage of fountain codes
is ratelessness, i.e., the coding rate can automatically adapt to
the wireless condition without demanding acknowledgments
(ACKs) or retransmissions.

However, traditional fountain codes are designed for file
transfer rather than video streaming. Under the current foun-
tain codes paradigm, the users cannot start to watch it until
the whole video file is successfully decoded.

In order to accommodate fountain codes to video streaming,
several window-based fountain codes have been proposed. In
terms of window structure, (i) block coding [6], [7] divides
the video file into fixed-length data blocks and separately
sends them using fountain codes; (ii) sliding window [8]–[10]
segments the video into overlapping windows, encodes them
with fountain codes, and decodes them jointly; (iii) expanding
window [11], [12] expands the previous window to include
new packets. In the above three schemes, the block size is
fixed in block coding, virtually extended in sliding window,
and keep growing in expanding window.

It is noteworthy that the window-based fountain codes will
inevitably introduce extra play delay, due to window size and
decoding time. As pointed out in [10], the window-based
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fountain codes for video streaming trade delay for higher
decoding performance. The reason is that larger block size
introduces longer delay, but also provides higher coding gain
at the same time [13].

In fact, different video streaming applications have different
levels of delay tolerance. Some applications are very delay-
sensitive, such as real-time video chat, cloud gaming, etc., all
of which are characterized by bi-directional communication
[14]. Some uni-directional applications, on the other hand,
have a loose tolerance on end-to-end delay, such as TV
broadcasting, Internet live streams. The others, such as the
streaming of pre-recorded content, are the least sensitive to
delay.

Delay-Aware Fountain (DAF) codes are the state of the art
proposed in [10]. Different from the other sliding window
fountain codes schemes, DAF codes do not treat the sliding
windows as homogeneous. By adaptively selecting the window
length and optimally adjusting the sampling pattern according
to the ongoing video bit rate, DAF codes deliver significantly
higher video decoding ratio than existing schemes. More
details of DAF codes will be introduced in Section II-A as
the foundation of this work.

However, the high-complexity global optimization process
of DAF codes may prevent its applications in delay-sensitive
video communication. As a result, it is the focus of this paper
to reduce complexity while maintaining relatively high coding
performance.

The main tool used here is Model Predictive Control (MPC).
MPC has developed considerably over the recent years. As an
advanced method of process control, it has been successfully
used in the control process of chemical plants, oil refineries,
power plants, etc. [15]. Besides, there are also some successful
applications in academia, ranging from energy management
[16] to automatic vehicle control [17]. Despite the popular-
ity in automatic control community, MPC was never used
in the domain of multimedia communication until recently.
We notice that MPC is used in bit rate adaption for video
streaming over HTTP in [18]. The contributions of this paper
are summarized below.

1) MPC is combined with DAF codes to maximize video
streaming performance, while maintaining low com-
plexity. In MPC, actions are optimized according to a
state sequence over a horizon. Based on that idea, two
schemes are developed in our work, i.e., DAF-S and
DAF-O.

2) DAF-S optimally adjusts the sampling pattern for foun-
tain codes according to the ongoing video bit rate, so
as to deliver a consistent video watching experience.
The computational complexity is affordable because
the objective function is minimized over a limit-sized
horizon, which does not grow with the video length.

3) The online algorithm of DAF-O is proposed based on
the prediction of future bit rate. The decoding ratio
is significantly higher than the existing online video
communication schemes.

The paper is organized as follows. Section II introduces two
fundamental techniques that will be used in this work: DAF

codes and MPC. Section III proposes our schemes and demon-
strates the analytical results. Section IV presents the simulation
results of real-time video communication. Section V concludes
the paper.

II. RELATED WORK

In this section, we will introduce the Delay-Aware Fountain
(DAF) codes proposed by Sun et al. in [10] and the Model
Predictive Control (MPC), which are the foundations of this
work.

First of all, the important notations that will be used in this
article are listed in Table I.

TABLE I: Definitions of the notations.

Notation Unit Definition
T frame Video length. Total number of frames

in the video sequence.
R byte/second Data rate.
C N/A Code rate.
W frame Sliding window size.
TDelay frame Tolerable delay from the video being

generated to it being played.
s (t) packet Number of native packets in the

tth frame. Its vector form is s =[
s(1) s(2) · · ·

]
.

a (t) N/A Slope factor for the tth sliding
window. Its vector form is a =[
a(1) a(2) · · ·

]
.

H frame Horizon length.
ASP (t) N/A Accumulated sampling probability. It

is the total probability accumulated
on every packet in frame t through
all the sliding windows covering that
frame.

A. Delay-aware fountain codes

As mentioned in Section I, DAF codes [10] are novel delay-
aware fountain codes for streaming high quality video over
lossy wireless network. DAF codes deeply integrates channel
coding and video coding. It consists of two techniques: time-
based sliding window and optimal window-wise sampling
strategy.

1) Time-based sliding window: The basic idea of DAF
codes is to segment the video file into overlapping windows,
and then encode and send them consecutively with fountain
codes. While the non-overlapping block coding scheme has
a relatively small block size, the overlap between sliding
windows allows the decoded packets in a previous window to
help the decoding of future windows. By doing so, the block
size is virtually extended.

In order to maximize block size, the window size W in DAF
codes is defined by the maximum tolerable latency TDelay
(in the unit of time or number of frames), instead of a fixed
number of packets. Therefore this technique is named time-
based sliding window. In the rest of this article, we call
the window covering the frames of [t, t+W − 1] as the tth

window.
In [10], the step size between two consecutive windows

is ∆t. For simplicity, in this work, we set ∆t = 1. This is
because both the video length T and window size W are
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defined to be integral multiples of ∆t, if ∆t > 1, all the
parameters can be down-sampled by a factor of ∆t, and all
formulas still hold.

2) Optimal window-wise sampling strategy: Within each
window, the fountain codes algorithm randomly chooses the
native packets and combines them into a coded packet, ac-
cording to degree distribution and sampling probability [2].
Because the windows are overlapping, the total sampling
probability of a frame is related to all the windows that covers
it, as shown in (1).

ASP (t) =
∑

ω∈all windows cover frame t

pω (t) , (1)

where pω (t) denotes the average sampling probability of each
packet in frame t within the window ω. So, ASP (t) denotes
the total probability accumulated on every packet in frame t
through all the sliding windows covering that frame.

ASP, or accumulated sampling probability, is a very impor-
tant metric in DAF codes, which will be frequently referred to
in the rest of this article. The final objective of DAF codes is
to minimize the variance of ASP, because the higher efficiency
of fountain codes is achieved by a more stable sampling rate.

However, with the time-based sliding window, even if the
sampling distribution of every window is uniform, the overall
ASP may still be nonuniform. As a result, the sampling
probabilities in each window need to be adjusted in order to
obtain a uniform overall ASP.

A proper representation of the sampling distribution is re-
quired. Storing the entire sampling distribution in each packet
header (per-frame description) would be impractical due to
both communication and computation overhead. Alternatively,
the slope-only description is proposed: the distribution is
approximated by a linear function defined by the slope factor
a. The slope factor is a real number ranging from −1 (forming
a backward triangular distribution) to 1 (forming a forward
triangular distribution). When a = 0, it represents a uniform
distribution.

Given bit rates s and slope factors a, the resulting ASP for
each frame can be computed by (2).

ASPs,a (t) = Bs (t) · a +Ds (t), (2)

where “·” denotes the dot product of the two vectors of
(T −W + 1) elements, and

Bs (t) =
[
Bs (t, 1) Bs (t, 2) · · ·Bs (t, T −W + 1)

]
;

Bs (t, i) =


2·pkts(i,t−i+1)−s(t)

pkts(i,W )2
− 1

pkts(i,W ) ,

if i ∈ [t−W + 1, t];
0, otherwise;

Ds (t) =
t∑

t0=t−W+1

1

pkts (t0,W )
;

pkts (t, k) =

t+k−1∑
i=t

s (i) .

(3)

Given the total number of frames T , the window size W ,
and number of packets in each frame s (t), DAF codes want

to find a set of slope factors a, for which the variance of
the sampling probabilities of all packets attains its minimum
value. The optimization problem is defined in (4).

arg min
a

T−W+1∑
t=W

(
ASPs,a (t)−ASPs,a

)2
,

s.t. −1 ≤ at ≤ 1, ∀t,
(4)

where ASPs,a = 1
T−2W+2

∑T−W+1
t=W ASPs,a (t).

Based on the aforementioned two techniques, two schemes
are developed: DAF and the low-complexity version DAF-L.

3) In-time decoding ratio: As pointed out in [10], a packet
decoded after its playback time is useless. This application-
specific feature is captured by a new metric called in-time
decoding ratio (IDR), which only counts the “in-time” de-
coded packets within the current window. This is in contrast
to the file decoding ratio (FDR) which counts all the decoded
packets after a coding session completes.

It has been shown in [10] that DAF and DAF-L schemes
yield much higher IDR than the existing schemes, such as
[7]–[9], [11], [12] and TCP.

4) Disadvantages: Although DAF and DAF-L can improve
the quality of video streaming over lossy wireless network,
there are three major drawbacks:
• The decoding performance of DAF-L is relatively low.

Although its performance is higher than other delay-
aware schemes, there is still a notable gap between DAF
and DAF-L (10% maximum in decoding ratio). That is
because DAF-L does not use the window-wise sampling
distribution optimization as in DAF. In exchange, DAF-L
is a low-complexity and online algorithm.

• DAF suffers from high computational complexity. The
global optimization function of DAF brings the com-
plexity of O

(
T 3
)
. Since the computational scale grows

cubically with the video length T , it is not a practical
algorithm for long videos.

• DAF is an offline scheme. Because the bit rate informa-
tion of all frames is required to perform the optimization,
the whole video file must be available before encoded by
fountain codes. Therefore, it cannot be used on real-time
video communication applications.

B. Model predictive control

The term Model Predictive Control (MPC) does not desig-
nate a specific control strategy, but a wide range of method-
ologies which make an explicit use of a process model to
obtain the control signal by minimizing an objective function
[15]. The methodology of all the MPC-based controllers is
characterized by the following steps:

1) At each time τ , the process model is explicitly used
to get the output at a future time horizon H . These
predictions yτ (τ + k)1 for k = 1...H depend on the
known values (history inputs and outputs) up to time
τ and the future control signals, which are those to be
optimized.

1This notation indicates the value of the variable at the time τ + k is
calculated at time τ .
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Fig. 1: A flowchart of MPC-based delay-aware fountain codes.

2) The control sequence uτ (τ + k), k = 0...H − 1 is
calculated by minimizing the objective function. The
minimization function usually takes the form of a
quadratic function of the error between the prediction
and the target value.

3) The first action uτ (τ) from the calculated control se-
quence is sent to the process whilst the other control
actions are rejected. Then, the next sampling instant
y (τ + 1) will be known, and step 1 will be repeated with
this new value, and the next control action uτ+1 (τ + 1)
is calculated, which in principle will be different to
uτ (τ + 1) because of the new information available.

The algorithm is iteratively executed each time a new instant
is sampled. All various MPC algorithms only differ with each
other in the horizon length, predictive model and the objective
function to be minimized. Note that it is in general not a
globally optimal algorithm, since the control decisions are
made only based on the history values and the prediction of
a finite future horizon.

III. MPC-BASED OPTIMAL CONTROL FOR DAF CODES

In order to extend the application of DAF codes to real-
time video communication, we are looking for a method to
close the gap between DAF-L and DAF: an online optimiza-
tion algorithm with a lower computational complexity than
DAF, but higher performance than DAF-L. Meanwhile, MPC
provides a locally optimal online solution to any objective-
function-minimizing process control problem, which gives us
an inspiration for the solution to our problems.

A. MPC-based DAF codes: the non-predictive version

We propose a novel scheme that combines MPC and DAF
codes to impose a finite horizon to the optimization process of
DAF codes, in order to overcome its disadvantages described
in Section II-A. We call the proposed scheme as DAF-S, where
S stands for small horizon. A general flowchart of DAF-S is
shown in Fig. 1. The text on the top of each block describes the
procedure in MPC. The text in the parentheses below explains
its function in DAF-S. We will go into the details later.

In this part, we focus on the localization of the optimization
problem, so we temporarily assume that we know the full bit
rate information of a video sequence. As a result, DAF-S is
can only be used in the coding of pre-recorded video. We will
discuss the prediction of bit rate and other practical problems
for online algorithm later in this section.

1) Horizon: Denote τ as the index of current time (also
the index of current sliding window). Since the window size
is W , the frame that was newly added to the encoding buffer
is the (τ +W − 1)

th one.
In order to determine what slope to use in the τ th window,

we may calculate the best set of slopes over a future horizon
based on both the known ASP in the past and the predicted
ASP in the future, then take the first slope as the one used
in encoding the τ th window. We denote the length of the
horizon as H , so the range of windows involved in our slope
optimization is [τ, τ +H − 1].

We hope to clarify the difference between window size W
and horizon length H here. The two concepts are confusable,
since both of them are spans of frames, and with both values
increasing, the performance and computational complexity of
the controller tend to be higher. In fact, they are independent
parameters that serve different purposes. W is typically chosen
in accordance with the longest tolerable end-to-end delay. It
is specified by the user, so it is an input value that does not
change in a communication session. On the other hand, H
is a parameter to balance the computational complexity and
desired performance. It is chosen by the application according
to the computing power, network condition, quality demand,
etc. The extreme case would be H equals to 1, with which
only one slope is calculated, the algorithm reduces to a greedy
algorithm; if H equals to T − τ + 1, thus all the frames in the
future are considered in order to obtain each slope, it becomes
the same as the globally optimal algorithm of DAF.

2) Objective function: Our target is similar to the global
optimization problem in (4), which is minimizing the vari-
ance of ASP. With a finite horizon imposed, the objective
function is limited to a local range. Because the slopes in
the horizon [τ, τ +H − 1] can affect the ASP of the frames
in [τ, τ +H +W − 2], the objective function is the variance
over that range as in (5).

J =
τ+H+W−2∑

t=τ

(
Ps,aHτ

(t)−Ps,aHτ

)2
, (5)

where aHτ denotes the H-length slope vector for the windows
starting from τ . P denotes the vector of ASP in the range of
[τ, τ +H +W − 2], including both past and predictive values.
The calculation of P will be discussed in the following part.
Ps,aHτ

is the average value over P.
3) Process model: The process model plays a decisive role

in a MPC controller. The chosen model must be capable of
capturing the process dynamics so as to precisely predict the
future outputs. Different from the problems in most industrial
control scenarios, in DAF codes, if the bit rate vector s is
given, the mapping between control sequences (slope vector)
and the predicted output (future ASP) is deterministic:

ASP (s,a) =
[
ASPs,a(1) ASPs,a(2) · · ·ASPs,a(l)

]
, (6)

where s is a bit rate vector, and a is a slope vector. ASPs,a(t)
is defined in (2). Vector length l is equal to the length of a.
In the calculation of ASP, s needs to contain W − 1 more
elements than a.
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Although ASP model is deterministic if we know all the bit
rates s and slope parameters a in the future, the process model
is no longer deterministic when a finite horizon is imposed.

For the current window τ , the ASP in the range of objective
function in (5) consists of three parts, all of which are
(H +W − 1)-length vectors representing a part of ASP within
the range of [τ, τ +H +W − 2]. Some of the components
only have a part of non-zero elements in that range, which
will be pointed out later.
• Pinit: the initial ASP that already sampled by previous

windows.
Non-zero range: [τ, τ +W − 2].

Pinit = ASP
(
s2W−2τ−W+1,a

W−1
τ−W+1

)
, (7)

where the index notation in slt and alt means the elements
in these two vectors are the tth to (t+ l − 1)

th elements
from vectors s and a, respectively. Because Pinit is
computed based on known s and previous selections of
a, it has no variable parameter.

• P̃: the range where ASP are affected by the currently
optimized slopes within the horizon.
Non-zero range: [τ, τ +H +W − 2].

P̃s,aHτ
= ASP

(
sH+W−1
τ ,aHτ

)
, (8)

where aHτ is the H-length slope vector to be optimized
as in (5).

• P̂: the range where ASP will be affected by the slopes
out of the horizon range in the future.
Non-zero range: [τ +H, τ +H +W − 2].

P̂s = ASP
(
s2W−2τ+H , âW−1τ+H

)
, (9)

where â denotes the prediction of future slopes. Since
the optimal choices of the slopes in this part will also be
affected by the slopes in the further future, in order to
limit the length of horizon, we shall make a prediction
without full knowledge about further frames. This is
the part that may bring error. Fortunately, because the
selection of slopes of frames from further away will have
less impact on current optimal slope choice, a simple and
safe prediction is enough. In this work, we simply use an
all-zero vector as â = 0, assuming all the windows in
that range will use uniform distributions. In that case,
we can eliminate the variable parameter â. The future bit
rates up to time τ +H+2W −3 are still needed as input
parameters.

The result is a combination of the three components:

Ps,aHτ
= Pinit + P̃s,aHτ

+ P̂s. (10)

We plug (6) - (10) into the objective function (5) and solve
the optimization function (11).

arg min
aHτ

J =
τ+H+W−2∑

t=τ

(
Ps,aHτ

(t)−Ps,aHτ

)2
,

s.t. −1 ≤ at ≤ 1, ∀t.
(11)

After solving the optimal aHτ , only the first element aτ (τ)
is chosen to encode the τ th window.

4) Complexity: For each window τ , the optimal slope (11)
can be solved by Karush-Kuhn-Tucker (KKT) conditions.
Because there are H variables to optimize and 2H conditions
for KKT conditions, the optimization process yields a system
of equations with 3H equations. If we omit constant factors,
the solution involves the generation of a parameter matrix
of H × H and the computation of its inverse matrix. The
algorithm will be executed iteratively for each window for
T times. As a result, the total computational complexity is
O
(
T ×H3

)
. Since H � T and H does not increase with

video length, it can be considered as a linear complexity
algorithm for time T . Comparatively, DAF-S has a much lower
complexity than O

(
T 3
)

of DAF.

B. Online algorithm with bit rate prediction

From (8) and (9), we know that in order to optimize the
slopes in horizon H , we must know the bit rates in H+2W−3
frames ahead of current time τ , or H +W − 2 frames ahead
of the last known (a.k.a. the (τ +W − 1)

th) frame. However,
in live-stream videos, we do not know the future bit rates
beforehand. As a result, in order to make DAF-S works on
real-time video communications, we need to make a prediction
on future bit rates, and the length of prediction is H+W −2.

Admittedly, a more accurate prediction of video bit rate
will help MPC optimization to obtain better control sequences.
Therefore, using advanced algorithms, such as [19]–[23] may
improve the coding result. A survey of video frame size
forecasting algorithms can be found in [24]. Nevertheless,
since video bit rate is a stochastic process, we can never expect
a perfect prediction. Since our work does not focus on bit rate
prediction algorithms, a simple linear formula (12) is adapted
to predict the future bit rates. A similar formula is used in
[25] and yields good results.

ŝt+1 = (1− α) ŝt + αst, (12)

where st denotes the bit rate of the frame newly added to the
DAF encoder, and ŝt+1 denotes the prediction for the future
frames. α ∈ (0, 1] controls the weight of new frame in the
prediction of bit rate. We fix it to 0.75 so our algorithm can
get good average performances in our implementations.

Since (12) is not accurate enough to perform the frame-by-
frame prediction, only a level of future bit rate is obtained.
We replace all the elements of s in (10) which exceed the
last known frame with the predicted bit rate ŝt+1. We call the
online MPC-based DAF codes algorithm as DAF-O.

When it comes to computational complexity, in our work,
the prediction of bit rate in DAF-O is only O (1), so the online
algorithm does not increase the total computational complexity
in DAF-S.

C. Optimization results and evaluations

In this part, we show some examples of optimization results
obtained by different schemes, and analyze the resulting ASP.



2327-4662 (c) 2016 IEEE. Personal use is permitted, but republication/redistribution requires IEEE permission. See http://www.ieee.org/publications_standards/publications/rights/index.html for more information.

This article has been accepted for publication in a future issue of this journal, but has not been fully edited. Content may change prior to final publication. Citation information: DOI 10.1109/JIOT.2016.2577520, IEEE Internet of
Things Journal

6

��������	

� ��� �
� �� 
� ���

�
��
��
��
�

��
�
�
�
�

�

��

���

���

(a) Bit rate for foreman.
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(b) DAF-O optimization.

��������	

� ��� �
� �� 
� ���

�
�
�
�
���
�

�
��
�
	

�

�



(c) DAF-S optimization.
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(d) DAF optimization.

Fig. 2: (a) Bit rate for foreman; and the optimized sampling
distributions for each window using: (b) DAF-O; (c) DAF-S;
(d) DAF.
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Fig. 3: Resulting ASP using different DAF-based schemes for
foreman.

1) ASP results comparison: Fig. 2a shows the bit rates for
CIF video sequence foreman coded with H.264/AVC standard.
Fig. 2b-d present the optimization results using DAF-O, DAF-
S and DAF respectively, with W = 30 and H = 10. In Fig. 2b-
d, each slope line represents a sampling distribution within a
window. Since ∆t = 1, there should be a window for every
[t, t+W − 1] span. Because there are too many windows to
be clearly shown in one figure, only a fraction of the windows
is presented here.

We can observe that (i) the first W − 1 slopes in DAF-S
(Fig. 2c) and DAF-O (Fig. 2b) are uniform distributions. That
is because there are not enough past ASP to calculate Pinit
in that range (see (7)), so the slopes in that range are set to 0
as a warm-up period; (ii) the latter part of DAF-S in is very
similar to that in the globally optimal result of DAF in Fig. 2d,
whilst DAF-O is not, because of its lack of information about
the future bit rates.

Fig. 3 shows the resulting ASP using the optimized slopes
from Fig. 2b-d (including DAF-L, which uses all uniform
distributions). The numbers following scheme names in the
legend are corresponding variations of ASP, and there is
DAF < DAF-S < DAF-O < DAF-L.

2) Measuring the quality of ASP: Although we use variance
of ASP as the objective function in (5), it is not an effective
metric to measure the quality of the resulting ASP in foun-
tain codes. For example, if obtained sampling distributions
generate very low ASP, even if the variance is low, they are
not desirable. Besides, the performance of obtained sampling
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Fig. 4: The coverage ratios of the resulting ASP obtained by
different schemes for foreman.

distribution may vary under different code rates. Therefore, we
introduce a new metric to measure the quality of ASP, called
ASP coverage ratio, denoted as ρ as in (13).

ρP (c) =

∑T
t=1

[
Pt ≥ 1

c

]
T

, (13)

where [·] is an Iverson bracket notation, which is defined to
be 1 if the condition in square brackets is satisfied, and 0
otherwise. ρ (c) gives the ratio of frames whose ASP surpasses
1/c. It is a monotonically increasing function, and its output
values are in the range of [0, 1]: if c < 1/Pmax, the output
value is 0; if c ≥ 1/Pmin, the output value is 1 (where Pmax
and Pmin denote the maximum and minimum values in P
respectively).

It is a good metric to measure the quality of ASP in
this case for the following reasons. ASP reflects the average
accumulated sampling probability for a frame, so, under the
same code rate, greater ASP of a frame indicates higher
probability for it to be sampled than others. It also means,
in order to be sampled into at least one coded packet, a frame
with higher ASP expects lower code rate, and ASP is inversely
proportional to expected code rate. Therefore, if the ASP of a
frame is higher than the reciprocal of code rate 1/c, that frame
is likely to be sampled in coded packets under code rate c,
thus it has the chance to be decoded on the receiver side.
As a result, ρ (c) represents the ratio of frames that could be
decoded under code rate c.

Fig. 4 shows the coverage ratio curves of ASP from Fig. 3
and block coding. c is normalized to the range of [0, 1]. The
result justifies the gains brought by the proposed DAF codes:
when c is greater than 60% of 1/Pmin, the ASP coverage ratios
are over 60% and there is DAF ≥ DAF-S ≥ DAF-O ≥
DAF-L. That means in terms of the ratio of possible decoded
frames within that code rate range, DAF outperforms DAF-S,
DAF-S outperforms DAF-O, and DAF-O outperforms DAF-L.

Conversely, the relationships of ρ are inversed when c <
50%. However, since in those scenarios the code rates are too
low that the decoding ratios are below 50% and the video
can hardly be viewed for all schemes, they are not the cases
users concern about. In other words, the proposed DAF codes
sacrifice the performance when the code rate is extremely low,
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for better performance when the code rate is in a moderately
high range.

It should be noted that, this metric does not fully represent
the actual decoding ratio in video communication. It only
considers the sampling probability, but (i) it does not imply
when the frames are decoded, so it does not represent in-time
decoding ratio (IDR); (ii) it does not consider the factors of
fountain codes, such as degree distribution, codeword length,
etc. That is the reason why the ρ curve of block coding does
not look significantly worse than DAF-L in Fig. 4, while
the IDR results of block coding is far inferior to any other
schemes, as we will see in the next section.

IV. EXPERIMENTAL RESULTS

A. Simulator Setup

The encoding/decoding parts of our implementation gener-
ally follow the DAF framework in [10]. Most of the changes
are made to the Video Preprocessing Module, where the novel
optimization algorithm is implemented.

We conduct the simulation experiments on Common Open
Research Emulator (CORE) [26] and Extendable Mobile Ad-
hoc Network Emulator (EMANE) [27]. The working environ-
ment is set up on Oracler VM VirtualBox virtual machines.

We use CORE to emulate the topology of the virtual
network and the relay nodes. Two VMs are connected to the
virtual network as a source (or encoder/sender) node running
the client application, and a destination (or decoder/receiver)
node running the server application. A video is streamed from
client to server using different schemes.

EMANE is used for emulation of IEEE 802.11b on PHY
and MAC layer of each wireless node. Because of the forward
error correction (FEC) nature of fountain codes, we disable
the retransmission mechanism of 802.11b for all fountain-
code-based schemes. The adaptive rate selection mechanism of
802.11b is also disabled. Ad-hoc On-Demand Distance Vector
(AODV) protocol is used for routing.

A lot experiments are done under different scenarios in [10],
e.g. single/multiple hops, with/without node mobility, etc. As
concluded in that paper, the performance of DAF only relies
on the end-to-end packet loss rate. As a result, considering
the scope of this work and the limitation of space, we only
conduct the experiments in single hop transmission scenario
while controlling the packet loss rate of the link.

There are two nodes in the network: a source node and a
destination node. The communication path from the source
to the destination has one hop. The distance between the
two nodes is carefully set so that the packets with 1024-byte
payload will experience a 10% loss rate.

B. Performance Evaluation

We implement eight schemes for comparisons, which are
abbreviated as follows:

1) DAF: the full optimization version of delay-aware foun-
tain codes in [10].

2) DAF-S: the MPC-based DAF codes as proposed in
Section III-A.

3) DAF-O: the online version of MPC-based DAF codes as
proposed in Section III-B.

4) DAF-L: it is the non-optimized version of DAF codes.
All the windows use uniform distributions.

5) S-LT: the sliding window LT code from [8].
6) Block: the block coding for fountain codes.
7) Expand: this is the expanding window scheme of [11].
8) TCP: this scheme uses TCP protocol to stream video.

In order to add delay awareness, the video file is also
segmented into the blocks like in “Block” scheme, but
they are sent using TCP.

All the seven fountain-code-based schemes use the follow-
ing parameter setting: the packet size P = 1024 bytes; for
degree distribution, let δ = 0.02, c = 0.4 (as defined in [2,
Definition 11]). For TCP scheme, the maximum data rate is
limited to the same amount as required by the fountain-code-
based schemes for the sake of fairness.

Several benchmark CIF test sequences, provided by [28],
are used for our evaluation. They are coded into H.264/AVC
format using x264 [29], encapsulated into ISO MP4 files using
MP4Box [30], and streamified by mp4trace tool from EvalVid
tool-set [31]. The coding structure is IPPP, which contains only
one I-frame (the first frame) and no B-frame, and all the rest
are P-frames. All the delays shown in the experiments are in
the unit of seconds. Denote by C and TDelay the code rate
and the tolerable delay, respectively.

We conduct 20 experiments for each setting with different
random seeds, and take the median value of them as the
performance measure. The in-time decoding ratio (IDR)
results are presented since it is a better metric in live video
communication than file decoding ratio.

1) Evaluate the effect of horizon length: In this case, we
compare the performance of four DAF-based schemes. For
DAF-S and DAF-O, we set H to 1, 5, 10, 15 and 20 to observe
the influence of horizon length.

Fig. 5 shows the IDR curves of the DAF-based schemes
for foreman. Because there are two dimensions of variables,
we obtain the IDR curves vs. C when fixing TDelay = 1.2 s
in Fig. 5a, and also obtain the IDR curves vs. TDelay when
fixing C = 0.77 in Fig. 5b. Results of DAF-S and DAF-
O are plotted with green dashed lines and red dotted lines
respectfully. The different horizon lengths H are indicated by
the width of lines and the brightness of colors: the thicker and
darker lines indicate larger H , and the thinner and lighter lines
indicate smaller H .

The numerical results of them when fixing both delay
TDelay = 1.2 s and code rate C = 0.8 for foreman are shown
in Table II.

From the results above, we have the following observations:
• The decoding ratio of all the schemes is an increasing

function of TDelay , and also a decreasing function of
C. That means larger delay and lower code rate lead to
higher overall performance, which meets our expectation.

• Among the DAF-based schemes, the performance of DAF
is the highest, while DAF-L is the lowest. The results
of DAF-S and DAF-O are generally between those of
DAF and DAF-L. The relationships of decoding ratios is
consistent with the ASP coverage ratios as seen in Fig. 4.
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Fig. 5: Comparisons of IDR curves for foreman when fixing
(a) delay TDelay = 1.2 s; (b) Code rate C = 0.77. Various
values of H are chosen for MPC-O and MPC-M.

TABLE II: IDR comparisons of DAF-based schemes using
different horizon lengths.

Scheme H IDR
DAF N/A 93.71%

20 90.16%
15 88.45%

DAF-S 10 87.80%
5 86.15%
1 80.86%

20 85.29%
15 83.81%

DAF-O 10 87.03%
5 82.88%
1 68.00%

DAF-L N/A 76.52%

• In general, DAF-S outperforms DAF-O under the same
horizon length. That is because DAF-S can be deemed as
DAF-O with prefect bit rate prediction. As a result, the
gap between DAF and DAF-S is only caused by local bit
rate knowledge, while the performance drop from DAF
to DAF-O comes from both limited horizon length and
inaccuracy of bit rate prediction.

• For DAF-S, the decoding ratio gets higher with the
increasing horizon length. However, since the computa-
tional complexity increases cubically with H , an extra
large H is not affordable.

• For DAF-O, longer horizon length does not guarantee
better performance. In the example of Table II, the highest
IDR of DAF-O is achieved when H = 10, but not H =
20. The reason is that in DAF-O, the long-term bit rate
prediction will become inaccurate. Due to accumulated
long-term prediction error, the performance of DAF-O
will reduce when the prediction length increases.

• When H = 1, the performance of DAF-O is significantly
lower than other H values. That is because it is deducted
to a greedy algorithm, and the decision is only based on
the history ASP.

2) Compare with the existing schemes: In this case, we
compare the proposed schemes with the existing video stream-
ing algorithms. To strike a good balance between complexity
and performance, we use H = 10 for MPC-O and MPC-M.

First, we want to show IDR comparisons of the online
window-based fountain codes schemes: DAF-O, DAF-L, S-
LT, expanding window and block coding. We choose all the
combinations of TDelay ∈ [0.6, 1.5] and C ∈ [0.6, 0.9] to con-

Fig. 6: Resulting IDR surfaces of online window-based
fountain codes schemes for foreman.

duct the experiments on foreman. There are two dimensions
of variables, so the results of each scheme form a surface of
IDR. Fig. 6 shows five surfaces of the online schemes.

The numerical results obtained by more schemes for more
sequences are shown in Table III.

TABLE III: IDR comparisons of proposed schemes and
existing video streaming algorithms.

Code Delay
Sequence Rate (s) Scheme IDR

DAF 96.72%
DAF-S 96.39%
DAF-O 95.87%

foreman 0.72 1 DAF-L 92.62%
S-LT 76.65%
Expand 59.90%
Block 35.05%
TCP 72.74%
DAF 95.78%
DAF-S 95.05%
DAF-O 94.76%

coastguard 0.72 0.7 DAF-L 94.13%
S-LT 70.97%
Expand 47.72%
Block 32.58%
TCP 65.45%
DAF 91.30%
DAF-S 91.08%
DAF-O 90.48%

mobile 0.86 1.3 DAF-L 89.14%
S-LT 79.79%
Expand 50.42%
Block 13.21%
TCP 76.43%

From the results above, we have the following observations:

• Among all the schemes, DAF has the highest perfor-
mance, followed by DAF-S, both of which are offline
algorithms. Considering the computational complexity of
DAF-S is orders of magnitude lower than DAF, DAF-S
is a more practical offline algorithm.

• Among all the online schemes, DAF-O has the highest
performance, followed by DAF-L. As shown in Fig. 6,
the surface of DAF-O is almost always higher than any
other scheme.



2327-4662 (c) 2016 IEEE. Personal use is permitted, but republication/redistribution requires IEEE permission. See http://www.ieee.org/publications_standards/publications/rights/index.html for more information.

This article has been accepted for publication in a future issue of this journal, but has not been fully edited. Content may change prior to final publication. Citation information: DOI 10.1109/JIOT.2016.2577520, IEEE Internet of
Things Journal

9

• If C is too high or TDelay is too small, the performance
of DAF-L may be lower than DAF. The result accords
with the ASP coverage ratio in Fig. 4 when c is small,
but it is not a very typical scenario since all of them are
too low to be properly watched.

• The performance of TCP is relatively low. The reason
is that TCP is not suitable for wireless channels where
packet loss rate is high [32]. Its congestion control
mechanism does not help the performance.

• Block coding scheme performs the lowest among all
schemes, although its ASP coverage ratio is not very low
compared to others. The reason is that the blocks are
too small and non-overlapping, so the coding overhead is
very large [13].

V. CONCLUSIONS

In this work, we proposed an advanced channel coding
algorithm for real-time video communication over lossy wire-
less network in IoT based on DAF codes. We developed two
schemes in this paper. DAF-S is small-horizon version of DAF,
and its computational complexity is orders of magnitude lower
than DAF. MPC-O is MPC-based online version of DAF that
can be used in real-time video communication applications.
The simulation results show that the decoding ratios of both
schemes are much higher than the state-of-the-art delay-aware
schemes in a variety of settings.
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