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Abstract—Video streaming is now responsible for the
majority of Internet traffic and is expected to keep growing
over the coming years. Dynamic Adaptive Streaming
over HTTP (DASH) [1] is an ISO/IEC MPEG multi-
quality layer streaming solution that is designed to enable
interoperability between servers and clients of different
vendors. In the DASH protocol, the client-side player is
assumed to have Adaptation Logic (AL). The AL evaluates
the various video representation segments available on the
server and chooses the most suitable segments balancing
between video quality and switching time. Note that
dynamic adaptation is necessary due to the fact that
the network bandwidth (e.g. cellular network) and the
user’s buffer are not stable and have a high influence
on re-buffering. However, to date, none of the research
considers multicast conditions and therefore, there is no
AL specifically designed to support multicast at the client
side. In this paper, we present the Harmonic Mean Adap-
tive Logic (HMAL) which is a buffer sensitive adaptation
logic that first calculates how many segments exist in the
buffer and then estimates the channel bandwidth using the
harmonic mean of the previous n samples. The HMAL
is designed to support multicast networks by reducing
the weights of hight quality segments in the bandwidth
estimation and give more weight to lower quality segments.
Compared to the multicast versions of well known ALs,
the simulation results showed that HMAL has the best
bandwidth estimation, the lowest number of re-buffering
events, and the highest buffer efficiency .

I. INTRODUCTION

With hundreds of millions of Internet users viewing
videos online, video streaming is expected to continue
growing over the coming years, especially in mobile
networks [2]. Adaptive HTTP streaming (AHS) [1], [3]
is a Multi-Bit-Rate (MBR) streaming method, designed
to improve the viewer’s Quality of Experience (QoE).
In AHS, each video is divided into short segments,
typically a few seconds long (2-16 sec), and each
segment is encoded several times with different quality
levels. The various levels of quality are achieved by
different quantization step sizes. Today, there are few
commercial solutions for AHS, however most of them
are proprietary, e.g., HTTP Live Streaming (HLS) [3].
In addition, each proprietary solution has its own format
and requires a dedicated plug-in or player in order to
display the stream. To avoid this need, a standardized
AHS, called Dynamic Adaptive Streaming over HTTP
(DASH) was introduced [1]. Since its inception, the
DASH protocol has been gaining popularity as the de
facto standard in the industry. Recently, DASH’s advan-
tages have been recognized by YouTube, the leader in
video streaming content distribution, which adopted the
technology.

In the DASH standard [1], which is based on HTTP
protocol, the client initially requests a Media Presenta-
tion Description (MPD) from the server (Fig. 1). This
MPD file provides the client with information about



Fig. 1. DASH download process

the types of video segments that are available on the
server. Then, the client-side player is assumed to have
an Adaptation Logic (AL) layer that evaluates the video
streaming constraints (e.g., network conditions and user
buffer levels) and chooses the optimal segment from the
representations reported by the MPD.

A. Contribution

ALs are designed to optimize parameters related to
network conditions, client status, and client perception
in order to provide the best possible Quality of Ex-
perience (QoE). In this paper we present a new AL,
named Harmonic Mean Adaptive Logic (HMAL) which
is an extension of our previous unicast AL, the Adaptive
Buffer Moving Median (ABMM) presented in [4]. The
HMAL aims to support multicast networks; therefore it
avoids frequent high -quality changes and gives more
influence to lower quality segments. Furthermore, in
order to minimize the number of switching qualities for
short time, the HMAL try to ignore cases where the
bandwidth increasing for short time.

Due to the fact we are using multicast network, the
representation change is based IGMP Leave and IGMP
Join. The meaning is to leave a representation tree with
IGMP Leave while connecting to a new representation
tree with IGMP Join.

II. RELATED WORK

We will first give general insights on how to de-
sign an AL and then we will present a few ALs that
address certain issues. Akhshabi et al. [5] compared the
proprietary client-based solutions in order to provide

a better understanding on their advantages and draw-
backs. They presented several qualities an AL should
have, including: the segment download algorithm has
to consider its reaction to short and long-term band-
width peaks; and any AL needs to understand how to
recover from bad bandwidth estimation (estimations far
from the current bandwidth), which might result in re-
buffering or a unnecessary bit rate decrease/increase.
Other interesting insights regarding how to design an AL
can be found in [6]: when larger segments size (time)
are used, the network’s available bandwidth is utilized
less efficiently and switching operations are performed
less often. Therefore, smaller segments improve bit-rate
adaptation.

Muller et al. [7] suggested the Fair Adaptation
(FAS) algorithm, which aims to address the problem
where several clients are connected to the content server
through a proxy and competing for limited bandwidth.
The FAS approach is based on an exponential back-
off algorithm in order to decrease frequent switching.
Liu et al. [8] proposed a step-wise quality level, where
a switch down is aggressive and a switch up always
selects the next higher representation.

Mok et al. [9] suggested a QoE-aware DASH sys-
tem, QDASH, that uses a measurement proxy that sends
the client TCP packets (probing rounds) according to
the bit-rates of the representations. The client estimates
the bandwidth from the probing round results and with
the estimates determines the supportable quality level
in terms of bit-rate. If the new quality level is higher
than the current level, the AL upgrades to it, otherwise,
the algorithm performs a calculation that combines the
bandwidth estimation and the buffer level in order to
determine if a downgrade is needed and to which quality
level. Using probing rounds is an added value for their
algorithm, but it is also a limitation since it depends
on the content provider/ Internet Service Provider (ISP)
to add the proxy server to their network and there is a
possible latency added by the proxy.

Miller et al. [10] suggested estimating the segment
bit-rate by considering three parameters: client buffer
size, average throughput, and average requested bit-rate.
The bandwidth estimation is performed by averaging the
throughput over ∆t seconds and is modified depending
on the current buffer level. Our previous work [4],
Adaptive Buffer Moving Median (ABMM), considers
the same parameters as in [10], but performs a median
based bandwidth estimation of the previous n samples.

None of the ALs described above consider multicast
constraints for AHS in the client side while complying
with the DASH standard. Although, some of the works
do consider network/server solutions for AHS networks,
none of them comply with the DASH standard, we
will describe them shortly. The multicast-like mecha-



nism presented in [11] tried to tackle two problems:
synchronization and buffering. However, the approach
has two main disadvantages: it is not compliant with the
standard (update routers) and has long delays. A proxy
solution can be found in [12], [13], where the proxy
can change the bandwidth of a specific user based on
his network condition. Joo et al. [14] provided multicast
changing channel experimental scenarios results. They
estimated the zapping time to be between 0.794−1.177
sec.

III. HARMONIC MEAN ADAPTIVE LOGIC - HMAL

In most of the previous works, the ALs were de-
signed based on two main factors: user buffer size and
bandwidth estimation algorithm. While the user buffer
size is easy to estimate and control, the bandwidth
estimation can significantly effect our segment quality
representation selection and is difficult to estimate. The
HMAL aims to be buffer-sensitive and tries to maximize
the user QoE by incorporating a novel method for
bandwidth estimation. HAML estimates the bandwidth
by the Harmonic Mean of the last n estimations. Note
that, n is not a constant but the number of segments
that exists in the buffer at the estimation time (0 ≤ n ≤
maximum segment size in the buffer). The strength of
using the Harmonic Mean of the last n segments, not
mislead by small variations in the channel. Therefore,
the harmonic mean increases the stability. Finally, the
Harmonic Mean is much more tolerant than the median
since it adapts to jumps in the bandwidth better than
the median.

Algorithm 1. illustrates the HMAL solution. The
HMAL has two states: buffering and playing and use
three buffer thresholds 1:

• Bf - threshold to request a better segment
quality

• Bc - threshold to reduce the video quality

• Bi - threshold of when to move from the buffer
state to the playing state

The algorithm starts in the buffering state and only
switches to the playing state when the buffer reaches
Bi (based on the conclusion of [15]). The algorithm
initially use the bandwidth estimation from the last three
segments downloaded in order to quickly adapt to the
bandwidth. Note that the algorithm could come back to
the buffering state in case of re-buffering. In case we
change back to the buffer state, we force the reduction of
quality for a 10 second timeout. The reason for the force
quality reduction is based on the fact that requesting

1where Bc < Bf , Bi = 6+segment size, where Bc = 0.2 <
Bf = 0.6

Fig. 2. Scenario 2 (the blue area), Bit-rate Comparison

Fig. 3. Scenario 2, Buffer Comparison

low quality will give the user reasonable QoE while the
network is recovering.

In the playing state, only when the buffer is above
Bf do we allow a representation quality increase by one,
where the bandwidth estimation is the upper bound. If
the buffer is less than Bc, the algorithm decreases the
representation request.

IV. RESULTS

We will examine the performance of the following
ALs: (a) an AL by Muller et al. [16]; (b) QDASH,
suggested by Mok et al. and (c) our algorithm. We
will refer to these ALs as Max BW, QDASH and
HMAL, respectively. The experimental setup consists of
the following components: a client computer, a second
computer with DummyNet [17] serving as the network
traffic emulation and an Apache HTTP regular server.
The client is connected to the server via the network
emulation. We used VLC client as a DASH client
[18] where we implement our AL. All the results were
done with the Big Buck Bunny stream [19] while the
bandwidth scenarios that we used were taken from [4].

From the two graphs, presented in Fig 2 and Fig
3 and Table I we can observe that HMAL has a higher
average bit rate, a significantly larger buffer and utilized
the fewest number of quality changes. We also examined



Algorithm 1 Harmonic Mean Adaptive Logic
1: Bf = 0.6, Bc = 0.2, Bi = segment duration +6
2: currentBuffer = 0, Buffer size = Max buffer length, CurrentRepresentation=Lowest representation
3: T=0, BWEstimation=0
4: state = buffering
5: while there are still segments to download do
6: if State == buffering then
7: BWEstimation = HarmonicMean(3);
8: CurrentRepresentation= Representation close to the BWEstimation;
9: if currentBuffer ≥ Bi then

10: state = playing;
11: end if
12: else
13: if State == Rebuffering then
14: if Time > T+10 then
15: BWEstimation = HarmonicMean(3)
16: CurrentRepresentation= Representation close to the BWEstimation
17: end if
18: if currentBuffer > Bi then
19: state = playing
20: end if
21: else
22: if currentBuffer > Bf then n = BufferSize

SegmentDuration BWEstimation = HarmonicMean(n)
CurrentRepresentation=min(BWEstimation,CurrentRepresentation + +);

23: else
24: if currentBuffer < Bc then
25: CurrentRepresentation–;
26: if currentBuffer==0 then
27: CurrentRepresentation=Lowest representation
28: state = Rebuffering
29: T=time
30: first = true
31: end if
32: end if
33: end if
34: end if
35: end if
36: end while

Name Average bit-rate
[Mbps]

Average
buffer
[sec]

Switch
count(up/down)

MaxBW 2.45 12.466 141(74,70)
QDASH 2.45 13.372 143(78,65)
HMAL 2.53 23.4 50(26,24)

TABLE I. SCENARIO. 2 TEST RESULTS

the performance of HMAL under mobile conditions. We
simulated a mobile scenario based on a captured mobile
bandwidth as described in [16], with the results depicted
in Fig. 4 and Table II. We tested HMAL vs ABMM[4].
As can be observed from the figure, HMAL performs
well also in this vehicular mobile scenario. It follows,
relatively smoothly, the available bandwidth. Note that
in the case of the unicast version ABMM performed

much better than HMAL. Note that, in the unicast
version of the ALs we used the algorithm as describe
in our paper and [4], while in the multicast version a
ranodm delay is adding for each quality change request
based (IGMP Leave and Join) on the zapping time [14].

Name Multicast Average
bit-rate
[Mbps]

Average
buffer
[sec]

Switch
count(up/down)

Average
PSNR

ABMM No 2.94 24.6 49(26,23) 53.47
ABMM Yes 2.75 23 72(36,36) 46.54
HMAL No 2.53 24.18 50(26,24) 52.25
HMAL Yes 2.81 24.18 61(32,29) 49.89

TABLE II. MOBILE BANDWIDT TEST RESULTS

This paper presented an AL that considers multicast
conditions. It was shown that the HMAL is better for



Fig. 4. (a) Vehicular Scenario

multicast conditions than unicast conditions. This results
reflects the idea that a multicast solution in general
has to be different than the unicast solution. For future
work we are planning to further investigate the multicast
scenarios and take a deeper look into the multicast
versions of the well-known ALs in order to develop a
better AL for multicast networks.
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