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Abstract—Video streaming constitutes the vast major-
ity of Internet traffic and the DASH protocol has become
the de-facto standard in the industry of multimedia deliv-
ery. The multicast method for information distribution has
the potential to dramatically reduce multimedia streaming
traffic; however, to date, there is no effective Adaptive
Logic (AL) designed to support multicast constraints at the
client side. In this paper we present an adaptive logic that
is designed specifically for multicast scenarios. A compar-
ison of our Multicast Adaptive Logic (MAL) with leading
ALs under multicast conditions demonstrates that MAL
provides the best performance under multicast conditions
and good performance under unicast conditions.

Keywords—Dynamic Adaptive Streaming over HTTP
Network, Multicast, Adaptive Logic

I. INTRODUCTION

Video streaming is constantly gaining popularity,
with hundreds of millions of Internet users viewing
videos online, and is expected to continue growing over
the coming years. Video streaming growth is expected to
be even more prominent in mobile networks and wire-
less sensor networks [1]. According to a recent Cisco
study [2], mobile video market share is expected to
generate more than 70 percent of mobile data traffic by
2016. Adaptive HTTP streaming (AHS) [3] is a Multi-
Bit-Rate (MBR) streaming method, designed to improve
the viewer’s experience by enabling the delivery of
video streams at different quality levels to best suit
the client’s network conditions. Recently, the Dynamic
Adaptive Streaming over HTTP (DASH) standard [3]
was introduced. The DASH standard assumes the client
has an Adaptation Logic (AL) layer that evaluates
constraints (e.g., network conditions and user buffer
levels), and based on this information, chooses the

optimal segment to maximize the quality of the stream
from the reported representations.
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Fig. 1. An example for multicast tree for each representation.

Multicast, a one-to-many form of communication,
may be used to optimize network usage when multiple
clients request the same media stream. The expected
reduction of network load is the reason for the attention
multicast communication has received recently as one
of the promising technologies that will help actualize
Over The Top (OTT) [4]–[7] streaming. IP multicast
reduces network usage by transmitting only one copy of
the stream across shared links, instead of transmitting
separate (but identical) streams for each individual user.
Each user can join/leave a multicast group by using
the Internet Group Management Protocol (IGMP) [8].
ALs are designed to optimize parameters related to net-
work conditions, client status,] and client perception to
provide the best possible Quality of Experience (QoE).
While there is a large body of work that deals with
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AL design under unicast conditions, multicast requires a
special attention as it introduces specific constraints that
are different from the unicast constraints. Specifically,
under multicast, users can change media quality, i.e.,
change representation, by assigning themselves to a
different multicast tree. The architecture presented in [9]
and [10] was the first to consider multicast constraints.
It granted the access router the ability to change the rep-
resentation. However, this architecture did not comply
with the DASH standard and requires a change of all
participating access routers.

QoE is one of the most important aspects for the user
when evaluating the performance of a video streaming.
QoE helps to quantify the level of user satisfaction from
the service, based, e.g., on the objective Peak Signal
Noise Ratio (PSNR) measure and the subjective Mean
Opinion Score (MOS). Essaili et al. [11] estimated the
overall MOS using the selected bit-rate and content of
the video. Yan et al. [12] estimation is computed based
on the video smoothing streaming experience and a
quantization parameter. Nevertheless, considering only
these parameters is not sufficient since video resolution
and video complexity are not taken into consideration.
In this paper we used MOS estimation (called eMOS)
based on research presented by Claeys et al. [13], in-
spired by [14], [15]. eMOS uses the normalized average
quality level and standard deviation [13].

A. Contribution

In this paper we present a new Multicast Adaptive
Logic (MAL) that allows the client to change the
representation. We assume that a representation change
is performed by sending IGMP Leave and IGMP Join
(leaving the old representation tree and joining the
new representation tree, see Fig. 1). MAL complies
with the DASH standard and does not require any
change to the underlying network. It considers network
constraints, as well as multicast and user constraints,
when deciding whether to change the representation.
From the network perspective, MAL takes into account
buffer state, Round Trip Time (RTT), and bandwidth
in order to improve QoS. From the user perspective,
MAL strives to provide a fast start and eliminate re-
buffering in order to improve QoE. From the multicast
perspective, MAL aims to minimize the zapping time
(the time it takes to move from one multicast tree to
another), and to minimize the number of quality changes
(increasing the length of time the stream is delivered
from a specific multicast tree) in order to improve QoE.

II. RELATED WORK

There is a large body of work that deals with
client-based ALs. In this paper we examine the ALs
described in [16]–[21]. Sieber et al. [16] proposed a

DASH Scalable Video Coding (SVC) AL implementa-
tion where the algorithm is divided into two phases:
a steady state phase and a growing phase. The two
phases differ in buffer threshold and the size of the
quality increase step. Note that the SVC algorithm
does not rely on bandwidth estimation; instead the
SVC algorithm bases its estimation on buffer levels.
Muller et al. [17] proposed the Fair Adaptation (FAS)
algorithm. The FAS is designed for a scenario of two
clients (or more) that are connected to the same content
server through a proxy and are competing for a limited
resource: the server’s bandwidth. As the competition
among the clients might cause frequent switches, FAS
uses an exponential back-off algorithm to decrease the
frequency of these switches. Liu et al. [18] proposed a
step-wise quality level, where a switch up always select
the next higher representation. Switch down is more
aggressive and is determined by calculating the ratio
of the segment duration and the segment fetch time.
If the ratio is smaller than the threshold, the algorithm
assumes that a network congestion was detected and a
switch down is needed. Muller et al. [19] proposed an
AL that considers the throughput measured, the average
bit-rate of each representation and the current buffer
level.

Mok et al. [20] suggested QDASH, an AL that
utilizes a measurement proxy. In the probing round the
proxy sends the client TCP packets according to the bit-
rates of the representations. The probing round results
provide the client with cues to estimate the bandwidth
and to determine the supported quality level (in terms of
a bit-rate level). The implementation of this technique
has two main drawbacks: a latency by the proxy and an
ISP dependence. Miller et al. [21] suggested estimating
the segment bit-rate by considering three parameters:
(a) the client buffer; (b) average throughput; and (c)
the average requested bit-rate. The average throughput
over ∆t seconds is used to estimate the available band-
width. This estimation may be further modified based
on the current buffer level. None of the well-known
ALs described above considers multicast constraints for
adaptive HTTP streaming (multi-rates) on the client side
that complies with the DASH standard.

Multimedia multicast streaming can be found in
streaming live video [4], Peer-to-peer (P2P) [22], Multi-
ple Description Video Coding (MDC) [23], and single-
rate transport protocol [7]. Takumi and Kenji [24]
presented a router-side multicast-like mechanism to
tackle two problems: synchronization and buffering.
This approach has two main disadvantages: the need
to update routers and long delays. Bouten et al. [5]
proposed a novel HAS-based architecture, which fea-
tures intelligent multicast. Moreover, an autonomic se-
lection of multicast content to support Video on Demand
(VoD) sessions was presented. This architecture can

2nd Workshop on Communication & Networking Techniques for Contemporary Video 2015

270



Fig. 2. Buffer estimation based on α.

be integrated with OTT networks [5], where the main
goal is resolving the network bottleneck that might
occur from high peaks in the requests for OTT video
services. Joo et al. [6] provided experimental results for
multicast changing channel scenarios. They estimated
the zapping time (i.e., the time required to switch
from one tree to another) to be between 0.794 and
1.177 sec. HMAL [25] presented our first adaptive logic
algorithm for multicast networks. However, in this paper
we presented a different AL mechanism that is based on
deep multicast learning as presented in the next section.

III. MULTICAST ADAPTIVE LOGIC

In this section we present our solution called Mul-
ticast Adaptive Logic (MAL). A multicast network de-
serves special consideration since every quality switch
is associated with a delay, stemming from the clients
need to register to a different multicast tree at the
server. We, therefore, suggest a novel AL, designed
to support multicast streaming. The new Multicast AL
(MAL) must aim to accomplish the main requirement
of any AL, namely, to avoid re-buffering events while
maintaining a high quality video. In addition, to support
multicast streaming, MAL is also required to avoid
unnecessary quality switches, which are associated with
undesirable delays. Finally, MAL offers a solution at
the client level, in accordance with the requirements of
the DASH standard and does not require any changes
to the standard. The following example demonstrates
how switching between qualities is unnecessary if the
duration of a higher quality lasts less than a few seconds.

Assume that the AL decides to switch to a better
quality level. Then an IGMP join/leave is generated
and in approximately 1 second, the user is connected
to a new multicast tree. Then suppose that after 2

seconds, the AL decides to reduce the quality: an IGMP
join/leave is generated. Therefore, two multicast trees
are changed within a short time span, incurring the de-
lays associated with each of the switches. The proposed
solution should accurately select only the most suitable
qualities for the user and refrain from unnecessary
switches. The AL will have to consider the available
network bandwidth and the user’s buffer levels. Since
users prefer constant quality over an unstable high
quality [26]–[28], it is better to select a suitable quality
based on the average channel bit-rate and minimize the
number of quality level switches. The goals of an AL
in a multicast environment are to maximize the overall
quality of the stream, while limiting the number of
quality changes and eliminating re-buffering. Based on
the discussion in [21] those goals can be described in
Eq. 1:

Max(

n∑
i=1

(br(i))) Subject To :

0 < B(t) < Bmax(t),∀t > tstart
0 ≤ qswitch ≤ qmax

(1)

si(t) the ith segment of stream s.∑n
i=1(si(t)) duration of the stream

t user’s segment request time
n maximum number of segments in a specific stream
Rf ∈ M the suitable and feasible representations for the specific

client device.
M the maximum number of quality representations
br the average bit-rate of the representation segment
B(t) the client buffer
qswitch number representation switching
qmax maximum number of representation switches allowed
Xb(t) input of the current buffer estimation
Sb(t) the EMA buffer estimation output for time t
Xbw(t) the input of the current bandwidth estimation
Sbw(t) the EMA bandwidth estimation output.

TABLE I. LIST OF DEFINITIONS

The parameters of Eq. 1 are defined in Table I.
For this equation the maximum number of quality
changes permitted is known, and is dependent on human
perception. It therefore can be regarded as constant. The
other two parameters, the channel bandwidth, br, and
the client’s buffer level, Bt, are unknown and there is
a need to estimate them. There is also a need to reduce
their fluctuation level to comply with the requirement
to limit the number of quality changes. A smoothing
estimator is best suited for this task and for the purpose
of this paper we chose to use the Double Exponential
Moving Average (DEMA) estimator. Eq. 2 is used to
estimate the client’s buffer level, Bt, while Eq. 3 is
used to estimate the channel bandwidth, br.

Based on these results, we present our new multicast
adaptive logic using DEMA in Algorithm 1. Please
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note that DEMA uses a parameter to account for the
influence the current measurement and the previous
estimations have on the current estimation. Increasing
the parameter increases the weight of the current mea-
surement, while reducing the parameter increases the
weight of previous estimations. MAL uses α to denote
the parameter used for client’s buffer estimation and β
to denote the parameter used for the channel bandwidth
estimation. One of the main challenges is to choose
appropriate values for α and β to best comply with the
requirements of Eq. 1.

Sb(0) = Xb(0), for t > 0,

Sb(t) = Xb(t) ∗ (α) + (1− α) ∗ Sb(t− 1)
(2)

Sbw(0) = Xbw(0), for t > 0,

Sbw(t) = Xbw(t) ∗ (β) + (1− β) ∗ Sbw(t− 1)
(3)

Algorithm 1 Multicast Adaptive Logic Algorithm
1: Critical = 2 segments, Low = 4 segments, Almost

Full = Max buffer size -2, safety factor=0.5
2: if Start or Rebufering then
3: if Next Representation<Estimated Bandwidth X

safety factor then
4: Ask for the higher representation available

under the condition
5: end if
6: end if
7: if On Segment Received then
8: if (Buffer level <= Critical) and (Buffer is

depleting) then Switch Down;
9: else

10: if (Buffer level <= Low) and (Buffer is
depleting) and (Current representation bitrate >
estimated bandwidth) then Switch Down;

11: else
12: if (Buffer level is Safe) and (Buffer is

filling) and (Next representation bitrate < estimated
bandwidth) then Switch Up;

13: else
14: if (Buffer level >= Almost Full) and

(Next representation bitrate < estimated bandwidth)
then Switch Up;

15: end if
16: end if
17: end if
18: end if
19: end if

To find the optimal values of α and β, we used real
clients and a server with DummyNet under scenarios
that have the potential to generate a large number of

Beta Switches
(up,down)

Bandwidth
mean [Mbps]

Bit rate mean
[Mbps]

0.02 2 (2,0) 2.77 2.6
0.04 6 (5,1) 2.77 2.74
0.08 18 (11,7) 2.77 2.79
0.12 38 (21,17) 2.77 2.85

TABLE II. BETA TEST RESULTS

quality changes, i.e., scenarios with frequent bandwidth
changes [29]. The results for different values of α and β
are depicted in Figs. III and Table II, respectively. Fig.
III demonstrates how well MAL’s buffer level follows
a buffer that is ideally responsive to bandwidth changes
(α = 1, depicted as a solid black line). This behavior
is not ideal for a multicast environment, as it generates
frequent quality changes. We, therefore, would prefer
to have a smoother behavior. As can be seen from the
results, large values of α (e.g., α = 0.5) succeed in
generating a smooth buffer level behavior at the expense
of a large deviation from the behavior of an ideally
responsive buffer. On the other hand, small values of
α (e.g., α = 0.1) succeed in following the ideally
responsive buffer at the expense of not smoothing the
buffer’s behavior. It can be observed from these results
that α values of 0.2 − 0.3 manage to follow both
the ideally responsive buffer and the smooth buffer’s
variations. From Table II we can see that higher β
values result in better reactions; however, fast reactions
could cause many unnecessary quality switches. Since
MAL is designed for multicast, we want to smooth the
algorithm’s reaction and reduce the peaks in the bit-rate;
therefore low β values are preferred (Table II).

IV. EXPERIMENTAL RESULTS

Algorithm Switch
(up,down)

Avg.
Band-
width
[Mbps]

Avg.
bitrate
[Mbps]

Avg.
Buffer
Size
[sec]

Max BW(M) 150 (76,74) 3.36 2.42 12.98
QDASH(M) 109 (62,47) 3.36 2.49 17.95
MAL(M) (β = 0.04) 12 (8,4) 3.36 2.71 19.15
MAL(M) (β = 0.08) 15 (10,5) 3.36 2.86 19.41
Max BW(NM) 71 (36,35) 3.36 3.06 15.77
QDASH(NM) 24 (12,12) 3.36 2.78 21.75
MAL(NM) (β = 0.04) 12 (8,4) 3.36 2.71 18.46
TABLE III. ALS COMPARISON, M = MULTICAST, NM = NO

MULTICAST.

The implementation is based on the network de-
scribed in [29].To evaluate MAL’s performance, we
compared its behavior with two leading and well-known
ALs: (1) the AL presented by Muller et al. [19] and (2)
the AL presented by Mok et al. [20]. In this paper we
will refer to these ALs as MaxBW, and QDASH, re-
spectively. The results are provided in Table III. Several
measures are of interest when assessing AL’s perfor-
mance: (1) Average bitrate, which provides a measure
for the average picture quality of the received video;
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Fig. 3. Mobile Scenario: MAL bit-rate comparison.

(2) Whether re-buffering occurred. Re-buffering events
are highly undesirable, as they might lead the user to
abandon the media; (3) Average bitrate estimated by
the AL; and (4) Number of quality switches. From the
user’s perspective, a small number of quality switches
is desired.

A. Performance of the Multicast ALs

The first three rows in Table III compare the perfor-
mance of MaxBW, QDASH, and MAL under multicast
conditions. From the results we can see that MAL
exhibits the best performance. It manages to achieve
the highest average bitrate (equivalent to the best picture
resolution) for 80.7% of the original media compared
with 72.0% and 74.1% for MaxBW and QDASH,
respectively, while preserving a significantly smaller
number of quality switches. Moreover, 8 out of 10 of
the quality switches that occurred under MAL were
in a single direction: improving the picture quality.
On the other hand, MaxBW and QDASH exhibit an
almost even distribution between quality improvement
and degradation switches, an indication of a back-and-
forth behavior in quality switches, which is undesirable.
We can thus conclude that MAL strikes a better bal-
ance among the conflicting requirements under multi-
cast conditions. It provides a better picture resolution
while preserving a minimal number of quality switches.
Furthermore, using the β parameter, MAL can trade
between picture resolution and the number of quality
switches. For example, from the fourth line of Table
III one can observe that increasing β to 0.08 improves
the average bitrate by 4.4% (to 85.1% of the original
picture) at a price of only 3 additional quality switches.
MAL is also the most resilient to potential network
problems. Its average buffer size is 47.6% higher than
MAXBW and 6.7% higher than QDASH.

Algorithm MAL (0.08) MAL (0.04) HMAL ABMM
eMOS 1.33 1.17 0.694 0.675

TABLE IV. MULTICAST ALS IN MOBILE SCENARIO.
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Fig. 4. Mobile Scenario: PSNR results.

B. Performance of the Unicast ALs

While MAL is designed to support media trans-
mission under multicast conditions, it is interesting to
examine its performance under unicast conditions. The
last three rows in Table III compare the performance of
MaxBW, QDASH, and MAL under unicast conditions.
MaxBW achieves the highest average bitrate (91.1%),
much higher than MAL and QDASH (80.4% and 82.7%
of the original media, respectively). However, it incurs
the highest number of quality switches among the three:
71 compared to 12 of MAL. Considering both average
quality and perception-based parameters under unicast
conditions, it is not clear which AL performs better:
MAL or MaxBW. On the other hand, MAL exhibits
a stable performance under both unicast and multicast
conditions. Similarly, although MAL’s average buffer
size is not the largest, it is stable under both unicast and
multicast conditions (it actually improves by 3.7% under
multicast conditions) while, MAXBW and QDASH
average buffer size degrades.

C. Performance Under Mobile Conditions

Although MAL was designed to support multicast
streaming, mobile streaming contends with similar chal-
lenges. We, therefore, also examined MAL performance
under mobile settings. A mobile scenario, based on a
captured mobile bandwidth as described in [19], has
been simulated. We have tested MAL for two different
values of β: 0.04, 0.08 (Fig. IV-A). The results show that
MAL performs well for low values of β. To demonstrate
MAL’s efficiency we compared MAL with two ALs:
HMAL [25] and ABMM [29]. Figure IV-B and Table IV
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show that MAL achieves better eMOS [13] (subjective
QoE measure) levels.

V. CONCLUSION AND FUTURE WORK

This paper demonstrates once again that multicast
broadcast requires special consideration. We showed
that the proposed adaptive logic, MAL, provides a more
optimal solution for multicast under DASH and even
under mobile conditions. Although we demonstrated
MAL on a specific multicast architecture, one that re-
quires a tree for each representation, the MAL algorithm
is suitable for any multicast architecture. One of the
significant advantages of the architecture examined in
this paper is that it does not require any change to the
DASH standard or to the network.

We plan to further extend this work and exam-
ine the possibility of optimizing the number of trees
MAL maintains. Another possible optimization involves
changing the multicast tree root from the server to the
ISP POE. Thus, instead of using source-based multicast
solutions, it will be possible to move the root to the POE
and generate a so-called rendezvous-point multicast
solution.
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