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Abstract—DASH is new ISO/IEC MPEG and 3GPP standard
for HTTP multimedia streaming that begins to be widely accepted
in the industry. DASH is design to be flexible and support var-
ious multimedia formats. DASH unify the proprietary adaptive
streaming solutions and suggests differing between them by using
different behavioral approaches, each one best suited for the
specific streaming application. Each behavior is determined by
Adaptation Logic (AL), which decides according to the estimation
of the network conditions and buffer state what is the best
suitable segment to be requested from the streaming server. This
work presents the drawback of current DASH standard and
its vulnerability to variable bit rate stream encoding. We have
found that the advertised bit rate for each quality layer that
was dictated by the Media Presentation Description (MPD) isn’t
accurate for VBR streaming. Moreover, we suggest an Adaptive
Buffer Moving Median (ABMM) buffer sensitive adaptation logic
that will support its bandwidth estimation decisions based on
the client buffer redundancy. The new method was found to
be suitable for mobile network traffic which is characterized
with large fluctuations with network bandwidth. Our proposed
solution showed more than 20 percent better average PSNR im-
provement compared to the original VLC plug-in rate adaptation
logic.

Index Terms—DASH, HTTP, Adaptive algorithms,Video.

I. INTRODUCTION

Video streaming is constantly gaining popularity, with hun-
dreds of millions of Internet users viewing videos online.
Video streaming is now responsible for the majority of Internet
traffic, and is expected to keep growing over the next years,
growth that is expected to be even more substantial in mobile
networks. According to a recent study [6], mobile video
market share is expected to generate over 70 percent of mobile
data traffic by 2016. The high demand for video streaming in
mobile networks, led to better streaming solutions that enhance
the client’s need for Quality of Experience (QoE).

At the moment, progressive download (PD) over HTTP has
an impressive hold over the streaming market. However, PD
was found to be not suitable for live video streaming because
there is a need to prepare the stream and only then transmit it,
and this is not efficient. Furthermore, Dubin et al. [11] found
that the PD is not efficient in the sense of bandwidth control,
and ISPs tend to optimize each session. Therefore, there was
a strong market need for a better optimized streaming method.

Adaptive HTTP streaming (AHS), a method to deliver
multimedia files over HTTP, was suggested in order to solve

PD shortcomings. AHS is a Multi-Bit-Rate (MBR) streaming
method that is designed to improve the viewer’s experience
by enabling delivery of videos with different bit rates and
resolution that best suits the client network conditions. Several
proprietary solutions exist such as: HTTP Live Streaming
(HLS) [16] and Microsoft Smooth Streaming(MSS) [7]; how-
ever, each of them has its own media file format that indicates
the stream’s possible quality layers and more additional infor-
mation. Therefore, each method needs a dedicated plug-in in
order to watch the stream.

Dynamic Adaptive Streaming over HTTP (DASH) [13] is
gaining recognition in the industry after evolving as a standard.
DASH is an ISO/IEC MPEG MBR streaming solution that is
designed to enable interoperability between servers and clients
of different vendors. The distinction between vendors will
focus on the application Adaptation Logic (AL) that is needed
in order to choose the most suitable quality level for the client
at a certain time. Therefore, this paper presents new adaptive
logic techniques to increase the efficiency of DASH. DASH
AL needs to take into account the changing network conditions
and client buffer state, and select the most suitable quality
level in order to enhance User’s QoE. However, the standard
has some drawbacks which will be presented in this paper.

The remainder of this paper is organized as follows. Section
2 describes the Related works. In Section 3 we briefly describe
DASH and present some disadvantages of the standard. Sec-
tion 4 presents our proposed solutions. Section 5 discusses our
simulation results, while in Section 6 we present conclusions.

II. RELATED WORK

AHS protocols are divided into two approaches: server-
side adaptation logic [4], [5] and client-side adaptation logic
[16], [7], [1], [13]. Server adaptation [4] relies on the client’s
computation of the available bandwidth. Then, the server
chooses the correct video bit rate that matches the client
network and buffer conditions and transmit it to the client.
In client-side adaptation, the client has the ability to react to
the changing network condition and decide on his own what is
the most suitable decision for his application; for example, if
the client application is programmed for best quality then the
adaptation logic will always choose the highest quality. If the
application is planned for a smooth watching experience, then
the AL will chose the most suitable chunk at each request.
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Akhshabi et al. [2] compared the leading proprietary AHS
client-based solutions and tested them in several scenarios. The
result provided a better understanding about how the logic of
the market-leading adaptations work and what drawbacks they
have. The purpose of this work is to suggest solutions for the
negative sides that were found in [6], such as wrong reaction
to short or long-term bandwidth peaks and too long recovery
for wrong estimation, causing either sudden playback buffer
or wrong bit rate decrease/increase.

Streaming AL research has gained much attention in recent
years, and focuses on several aspects that concern the adapta-
tion: segment fetching estimation, chunk size consideration,
TCP connection options, and chunk size effect over client
buffer size. Liu et al. [14] suggested AL based on BW
detection using smoothed HTTP throughput measured based
on segment fetch time (SFT). Cranley et al. [8] proposed
the Optimal Adaptation Trajectory (OAT) to maximize QoE
for UDP-based streaming. However, DASH is TCP-based and
has re-buffering problems that UDP lacks. UDP has to handle
degradation in picture quality due to poor network conditions.
Therefore, the problems with TCP and UDP are very different.

Romero et al. [18] give some insights regarding segment
sizes: small segments improve the client reaction time to net-
work bit rate variations, but increase the activity on the client
side. Also, more time spent for sending and receiving HTTP
messages as the packet size increase the error probability
also increases. The bit-rate adaptation is also improved for
smaller segments, since the bandwidth measurements occur
more often. When larger segments are used, the network’s
available bandwidth is used less efficiently since measure-
ments are taken less frequently and the switching operations
are performed less frequently.

III. DYNAMIC ADAPTIVE STREAMING OVER HTTP
A. 3.1 DASH Introduction

Dash does not consider to be a protocol; it is considered an
enabler that provides a unified format structure for delivery
of high quality multimedia streaming. DASH supports Video
On Demand (VOD) and streaming of live content. DASH is
unique due to its flexibility to support a wide variety of existing
technologies (containers, codecs, etc.). DASH AL is found in
the client side; this is a great advantage that enables suiting
its streaming AL to the client application’s needs.

In DASH, a multimedia file is partitioned into several
representative layers. Each layer is segmented and can be
encoded with CBR/VBR with different resolutions. At the
beginning of a session the clients side requests for the Media
Presentation Description (MPD) from the server. The MPD
describes the stream layers information; each layer has the
segment information, for example: URL, location, video bit-
rate, and resolution, as can be seen from Fig. 1 [15]. Fig. 1
illustrates an MPD sample of 2 sec of video stream [15]. We
can see that each layer has a bandwidth attribute indicating
the minimum bandwidth of a hypothetical CBR channel in
bits per second (bps) (circled in red) [13]. The number of
representative layers depends on the content provider. Higher

quality layers will generate a smoother viewing experience,
because the switch between qualities is smoother. After the
server delivers the MPD, the client’s AL begins to work and
selects the most suitable segment based on the client network
condition and buffer redundancy.

 

<?xml version="1.0" encoding="UTF-8"?> 
<MPD xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance" 
     xmlns="urn:mpeg:DASH:schema:MPD:2011" 
     xsi:schemaLocation="urn:mpeg:DASH:schema:MPD:2011" 
     profiles="urn:mpeg:dash:profile:isoff-main:2011" 
     type="static" 
     mediaPresentationDuration="PT0H9M56.46S" 
     minBufferTime="PT2.0S">    
     <BaseURL>http://www-itec.uni-
klu.ac.at/ftp/datasets/mmsys12/BigBuckBunny/bunny_2s/</BaseURL> 
     <Period start="PT0S"> 
          <AdaptationSet bitstreamSwitching="true"> 
<Representation id="0" codecs="avc1" mimeType="video/mp4" 
width="320" height="240" startWithSAP="1" bandwidth="45652"> 
<SegmentBase> 
    <Initialization 
sourceURL="bunny_2s_50kbit/bunny_50kbit_dash.mp4"/> 
</SegmentBase> 
<SegmentList duration="2"> 
    <SegmentURL media="bunny_2s_50kbit/bunny_2s1.m4s"/> 
    <SegmentURL media="bunny_2s_50kbit/bunny_2s2.m4s"/> 
.. 
  

Fig. 1. DASH MPD file structure example.

B. DASH Multi-Bit Rate Problem

Based on the fact that a DASH client chooses the highest
bit rate of a given level, we wondered how the bit rate varies
in the chosen layer. By downloading a number of videos from
the network using a DASH client, we measured the bit rate per
segment, the fetching time, and the buffer size of the client.

In Fig. 2 we can see an example of the difference between
the minimum/maximum bit rates for a certain layer. From the
figure, we can see that in some cases the difference in the level
can be more than twice the size of the advertised quality of the
specific layer. Moreover, by examining the segment fetching

 

0

1000

2000

3000

4000

5000

6000

7000

8000

9000

10000

1 51 101 151 201 251

B
it

ra
te

 (
K

b
it

/s
e

c)

Segments

bitrate per segment

Fig. 2. Actual bit rate size of each segment in each quality layer. The thin
constant line is the advertised minimum quality level bit rate from the MPD.

time in Fig. 3, we can see that the difference in fetching
time can be from a few milliseconds to almost double that,
depending on the segment length. Therefore, a re-buffering
situation can easily occur as can be seen in Fig. 4.

From the small test above we can conclude that the VBR
is higher than the average declared size, and that the buffer
rapidly decreases due to segment fetching delay. The problems
discussed in this section cause degradation in the stream QoE.
This paper will propose several methods to improve the overall
quality.
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Fig. 3. Segment Fetch Time.

 

Fig. 4. Buffer size consumption vs segment number with segment length of
2 [sec].

C. Contribution

In this paper we highlight the current drawbacks related
to the VBR nature of the video stream. We propose Adaptive
Buffer Moving Median (ABMM) adaptation logic as a solution
to decrease the client mistakes due to wrong chunk data-
rate estimation. Moreover, we evaluate the correctness of the
solution with different network scenarios. In order to prevent
frequent freezes in case of playback delays, we propose a
new buffering state in which the client does not play the
video stream and instead buffers data until reaching a certain
threshold level.

IV. NEW ADAPTIVE LOGIC TECHNIQUES

In this section we discuss three ALs: rate adaptation (sec-
tion IV-A), which will serve as the baseline technique; our
proposed solution ABMM (section IV-B); an improved rate
adaptation (section IV-C). The third AL algorithm (section
IV-C) was tested in order to better understand our proposed
method’s advantages and weakness.

A. Rate Adaptation Logic (original AL)

Original AL [19] calculates the average bit rates of the
download. In the beginning of the playback, it picks the
highest quality level that does not exceed that average bit
rate, and checks the quantity of data in the buffer. If the
buffer size level drops below 30 percent of the capacity,
it automatically picks the lowest quality level possible. The
fact that this logic calculates the average bit rate from the
beginning of the playback means that it would take a very long
time to respond to bandwidth fluctuations during playback.
The additional mechanism may prevent re-buffering, but the
original logic may often drop to the lowest presentation layer.

B. Adaptive Buffer Moving Median AL-ABMM

Bandwidth estimation is an important factor in AL design.
Our approach focused on developing a buffer-sensitive AL that
emphasizes the client’s need for maximize the QoE. In order

to do so, there is a need to consider the client’s buffer and
quantize it to an upper bound for a mistake in client buffer
estimation. When the client has more confidence, meaning a
large quantity of buffered stream, then he could afford to make
an estimation mistake and decide based on other previous
estimations (ignoring coincidental traffic peaks). However,
when the client has a buffer with a lower level of confidence,
its needs to be more cautious and make an estimation based
on less previous estimation, which can cause estimation errors
such as not ignoring small negative/positive peaks in the
available bit rate. Therefore, we propose ABMM AL. ABMM
is a buffer sensitive algorithm that first calculates how many
segments exist in the buffer as presented in Eq. 1.

n =
BufferCapacity

SegmentDuration
(1)

ABMM then estimates the median bandwidth of the last n
segments bandwidth estimations. The strength of using median
rather than average of the last n segments is that small
variations in the channel will not mislead our algorithm’s
BW estimation, and we can better ignore those small peaks.
Furthermore, the median of the last n segments increases
our algorithm’s stability, because if the buffer is full then
we are less concerned about short term network changes that
can cause under run. Finally, median is much more tolerant
than average, it adapts to jumps in the bandwidth better than
the average. Akhshabi et al. [2] found that proprietary ASP
solutions encounter wrong BW estimations due to short-term
traffic peak, which lead to wrong BW estimation that can
cause buffer under flow. ABMM has two states: buffering
and playing. The algorithm enters the buffering state at the
beginning of a playback, or when a re-buffering occurs (buffer
is empty) and the video unfortunately freezes. When we are in
the buffering state, we will only switch to the playing state (i.e.
start / resume playback) when the buffer reaches a certain level
(defined by Bi). Bi and Eq. 2 were based on the conclusions
from [20]; however, we decided to limit Eq. 2 to 30 seconds in
order to align with other proprietary protocols. Furthermore,
this is in order to avoid frequent freezes that tend to occur in
the unmodified version of the VLC player. Eq. 3 is a buffer
threshold that states we can try to request a better segment
quality because we have enough buffer space at a specific time.
The 50 percent factor in Eq. 3 can be adjusted according to the
client’s needs for better quality due to more restrained buffer
logic maintenance. Eq. 4 is a buffer threshold that is designed
to reduce the video quality in case of a possible re-buffering
situations.

bufferCapacity = max(2 ·Bi, 30) (2)

Bf = 0.5 · bufferCapacity (3)

Bc = 0.2 · bufferCapacity (4)
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It should be noted that in buffering state, we only use the
bandwidth estimation from the last segment downloaded in
order to quickly adapt to bandwidth changes that may have
caused the re-buffering events. We start downloading from
the lowest quality level and gradually increases the quality,
in order to quickly recover from the buffering state and
still provide an acceptable quality level. Our algorithm also
combines the advertised bit rates (i.e., those specified in the
MPD file) and the actual bit rates. The advertised bit rates must
be considered since they specify the quality level experienced
by the viewer. However, as explained in section III-B, with
MBR streaming we need more details about the encoding to
make smart buffer-sensitive decisions. We do however rely on
the actual bit rates too make certain we do not download a
segment too large for our network bandwidth. In other words,
the advertised bit rates provide a lower limit for our selection
while the actual bit rates provide the upper limit. It should be
noted that if the buffer is more than Bf , we allow ourselves
to knowingly download a segment larger than our current
bandwidth allows, since we expect to have enough buffered
space to complete the download without risking our buffer
level. We still have at least 50 percent redundancy when we
finish downloading that specific chunk.

⌈
highestAllowedBitrate+ lastSegmentBPS

2

⌉
(5)

Video quality research [9], [17], [21] has shown that users
strongly criticize quality degradation much more than they
notice quality improvements. Therefore, we chose the next
suitable chunk as an average of the highest quality possible and
the average bandwidth of the last segment (Eq. 5). It should be
noted that the delay ABMM is adding is negligible, because
all the parameters are known at each iteration of the algorithm.
Fig. 5 illustrates the algorithm simplified state machine.

 

Fig. 5. ABMM simplified algorithm state machine.

C. Improved rate adaptation logic

We created an improved AL that has the same algorithm as
ABMM. However, the methods differ in their estimation logic.
The improved rate estimates the bandwidth in the same way as

the original rate logic; the logic calculates the average bit rate
from the beginning of the playback. We needed a third AL to
better understand the difference between the two estimation
methods with equal conditions.

V. RESULTS

The Experiment setup consists of three computers: a server,
a router, and a client. Both the server and the client are
connected using a cross wire-linked cable to the router, and can
communicate with each other through it. Therefore, the setup
appears as a simple TCP/IP network. We used VLC client
as a DASH client where we implement our improvements.
The server runs Ubuntu version 11.4 and Apache HTTPD
version 2.2.20, through which it serves the MPD files and
the video segments. All files served by the HTTP server are
static files; no logic whatsoever is performed on the server
side. The client computer runs Ubuntu version 11.4 with
our DASH client, which is based on the trunk version of
the VLC media player. We modified only the DASH VLC
code. The router between the server and the client machine is
actually a PC running FreeBSD version 9.0, which includes a
kernel module named ”dummynet” [3]. This module allows
emulation of WAN networks. Specifically, it allows us to
control and adjust the bandwidth, latency, and error rate (i.e.,
packet drop rate) between the client and the server or vice
versa. Each direction can be configured differently. However,
we have only used it to emulate a bandwidth bottleneck. We
have written several Python scripts that automatically change
the bandwidth settings according to predetermined scenarios,
which we have used to test our adaptation logic. We have
tested many different combinations for Bc and Bf parameters
with different network conditions and segment sizes. However,
due to space limitation we will show only testing scenarios
with 2 seconds segment size; further tests and scripts can be
found on our project site [10]. All the results were done with
the bigbunny stream [15]. The scenarios that we have used
were taken from [18], and found to be a good setup test.
Our PSNR comparison used Elecard software [12] and were
compared to the highest level found in the MPD file. Beacuse
lake of space we present only two scenario results.

A. Scenario-1 Long Term Variation of The Available BW

In scenario 1, the BW starts with a very high rate (higher
than the highest bit rate proposed in the MPD) and gradually
decreases until it reaches its lowest level. This scenario tests
the client’s adaptation to slow, gradual changes in the network
bandwidth and is considered to be a rather simple scenario.
Fig. 6A-C present the results of scenario-1 in each of the
algorithms: in the original AL (Fig. 6A) we can see that
the average estimation logic is generally far from the real
network BW. The quality level picked is wrong due to the
BW estimation, which causes the buffer level drop; this is
especially true in the final part of the video stream. Fig.
6B shows the improved AL. We can see much better buffer
maintenance (50 percent full) with a slightly higher quality
selection; however this logic uses the average BW estimation
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A - Scenario 1 with original AL B - Scenario 1 with improved rate AL C - Scenario 1 with ABMM 

   
E - Scenario 1 bit rate comparison improved vs 

ABMM 

F - Scenario 1 buffer comparison improved vs 

ABMM 

G - Scenario 1 PSNR comparison 

Original vs ABMM 

 Fig. 6. Scenario 1.

as well. Fig. 6C presents our proposed solution. We can see
the BW estimation is very close to the real BW; therefore, the
selected quality almost completely matches the actual band-
width. The drop in the buffer space at time = 500 seconds was
caused due to high actual bit-rate values (according to the VBR
file trace); however, our logic maintain a high buffer level.
Fig. 6 E-G present the results of the comparison of scenario-1
with the three algorithms. From a bit-rate comparison (Fig.
6E) between the improved AL and the ABMM AL, we can
observe that ABMM median-based logic gives a better BW
estimation that is much closer to the available network bit
rate; therefore, more suitable segments, that are closer to the
available BW were chosen. Fig. 6F supports our logic, as we
can see much better buffer consumption and more resilience to
network problems. Fig. 6G presents the overall PSNR changes
between the proposed solution and the original one. We can
observe improvements in the quality combined with our buffer
consumption logic; we get much more resilient AL.

B. Scenario-2 Short Term Variation of The Available BW

The second scenario consists of two parts. In the first,
the bandwidth frequently changes between low and medium
levels, with an equal amount of time for both levels. In the
second, it frequently changes between medium and high levels

    

B - Scenario 2 with improve rate AL A - Scenario 2 with original AL 

  
D - Scenario 2 PSNR comparison original Vs ABMM C - Scenario 2 with ABMM 

 

Fig. 7. Scenario 2.
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in a similar fashion. This scenario tests the adaptation to more
drastic and frequent bandwidth changes and is considered a
more difficult scenario (same x-axis and y-axis as scenario 1).
In the first half of Fig. 7A the original AL response to the
scenario is quite decent; however, in the second half the logic
does not manage to identify the high bandwidth increment
when it is available, and plays the video at a much lower qual-
ity than necessary. The improved rate AL actually responds
very accurately (Fig. 7B) to the first half of the simulation.
However, in the second half it completely ignores the shifts
and downloads a constant low quality. From our proposed
solution (Fig. 7C), we can see that the bandwidth is usually
estimated very accurately. A slight problem occurs around 480
seconds, where the algorithm detects the bandwidth drop a
little late, causing a buffer level drop. Combined with the
usual bit rate peak around 500 seconds into the video, the
buffer reaches 15 seconds and the quality drops to its lowest,
although for a very short time period. Fig. 7D reinforces our
logic when we can observe much better PSNR readings and,
therefore, buffer space is declining at the end of the video
stream.

VI. CONCLUSIONS

In this paper we examine a test case for handling fluctuation
in DASH segments data rate. We have shown that the adver-
tised bit rate could be far from the real VBR encoded stream
for a certain layer. The VBR problem has several solutions.
The first one is not the ideal one; however, it can give good
results. When receiving the HTTP response for each segment,
the solution can extract its content length and divide it by
the chunk length in seconds, which will give us the average
bit rate for the specific segment. That is much better than
the regular download of the video stream. The purpose of the
different method is to use HTTP Byte Range in the MPD file;
however, this method is not compatible with all CDN networks
and therefore is less suitable. We suggest modifying the MPD
structure to include each segment bit rate, and not only the
average data rate of the entire quality level. We have noticed
in our testing that selecting the segment duration is critical to
ensure a smooth playback. Larger segments are more efficient;
however, smaller segments allow the AL to adapt more quickly
to the changing network conditions. Moreover, we presented a
buffer-sensitive segment estimation algorithm. The advantage
of median estimation was found to increase the client QoE.
Furthermore, estimating VBR encoding problems contributes
to a smooth streaming experience. Our proposed solution is
considered as a conservative AL that was planned for a smooth
viewing experience and it can be easily modified to a more
challenging one.
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