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Abstract—Bandwidth constraints and high end-to-end delays
are real challenges for achieving and sustaining high quality
mobile video streaming services. Diverse multipath transmission
techniques are being investigated as possible solutions, since
recent developments have enabled mobile devices users to receive
video data simultaneously over multiple interfaces (e.g., LTE
and WiFi). While some multipath protocols have been recently
standardized for this purpose (e.g., MPTCP), being network layer
protocols they cannot properly handle challenging transmission
scenarios subject to packet losses and congestion, such as lossy
wireless channels. In this work, we adopt the MPEG Media
Transport (MMT) protocol to propose an improvement for mobile
multipath video streaming solutions. MMT is an application layer
protocol with inherent hybrid media delivery properties. We
propose a novel path-and-content-aware scheduling strategy for
MMT by means of full cooperation between network metrics and
video content features. Our strategy provides better models to
adaptively cope with unstable communication channel conditions
and to improve the final user quality of experience (QoE). For
the experimental evaluation, we used NS3-DCE to simulate a
realistic multipath network scenario which includes channel error
models and background traffic. Results for two video sequences
are presented in terms of PSNR, SSIM, goodput, delay and
packet loss rates. When compared with a simple scheduling
strategy for the traditional multipath MMT, our approach yields
significant packet loss rate reductions (~ 90%) and video quality
improvements of around 12 dB for PSNR and 0.15 for SSIM.

Index Terms—Video streaming, MMT protocol, multipath
streaming, path-and-content-aware scheduling.

I. INTRODUCTION

With the fast development of media technologies, applica-
tions such as on-demand-video, video conferences and online
cloud gaming have been responsible for an growing amount of
network traffic. According to the annual Cisco’s report [1], it
would take an individual more than 5 million years to watch
the amount of video that will cross global IP networks per
month in 2021.

End users always expect a high quality video streaming
service, regardless of the network situation, and it is well-
known that achieving it requires mainly high bandwidth and
low transmission delay. Ensuring these prerequisites is a chal-
lenge, especially on lossy wireless channels. One candidate
solution is to exploit multipath video streaming strategies by
taking advantage of the multiple network interfaces that are
currently available in most mobile devices. Since the user can

be connected to more than one network, these strategies enable
better coverage and, therefore, more stable network services.
The network congestion is also relieved by the aggregation of
the bandwidth available over multiple paths.

Several efforts have been done regarding multipath video
streaming [2], [3]. Two well-known multipath protocols are
the Stream Control Transmission Protocol (SCTP) [4] and
the Multipath TCP (MPTCP) [5]. Both protocols are imple-
mented in the transport network layer without access to video
content features available on the application network layer.
Some attempts to improve multipath streaming and scheduling
strategy by extending MPTCP or SCTP protocols can be found
in [6]-[9]. In addition, some works adapting the Dynamic
Adaptive Streaming over HTTP (MPEG-DASH) protocol [10]
for multipath streaming can be found in [9], [11].

There is also the MPRTP draft standard [12] with en-
abled multipath capability for Real-time Transport Protocol
(RTP) [13]. Pakulova et al. [14] proposed a solution us-
ing MPRTP protocol, performing video bit rate adaptation
considering throughput and packet loss rate of each path.
However, in this solution, video packet content priority is
not considered. Singh et al. [15] proposed a similar solution
to our work supporting adaptive video traffic splitting based
on network condition and enabling content-aware capabilities.
Some differences in relation to our work are the use of
packet retransmission in MPRTP and our proposed scheduling
strategy, which is the subject of this paper and will be detailed
in the remainder of this text.

In this work, we chose to exploit the advantages of multipath
streaming by adopting the MPEG Media Transport (MMT)
protocol [16]-[18]. We propose a novel scheduling strategy
which considers both path characteristics (path-aware) and
video features (content-aware). Our path-and-content-aware
scheduling strategy can improve quality of experience (QoE)
by increasing goodput, decreasing packet losses and reducing
end-to-end delay. To the best of our knowledge, this is the first
attempt to improve the MMT standard by adding multipath
scheduling strategies. It is important to note, however, that
our approach does not require any change in the protocol
itself since the scheduler can be implemented as part of the
client/server applications.

We believe that MMT is an appropriate protocol for ex-
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Fig. 1. Overview of the considered multipath mobile video streaming scenario.

ploiting multipath streaming because it is a multimedia ap-
plication layer protocol with the inherent ability to transmit
video in heterogeneous network environments. Actually, the
capability of hybrid media delivery is one of the main MMT
properties. Hybrid media delivery refers to the combination of
delivered media components over different types of network.
For example, it could be one broadcast channel and one
broadband, or it could be two broadband channels. MMT was
standardized in 2013 and has already been adopted by several
other standards as a replacement solution for the old MPEG-2
TS protocol [19], [20].

The structure of this paper is organized as follows. In
Section II, the system model and the proposed path-and-
content-aware strategy are explained. Section III describes our
network simulation scenario and provides the performance
evaluation. Finally, in Section IV, we conclude the paper and
discuss future work topics.

II. PATH AND CONTENT AWARE SCHEDULING PROPOSAL

An overview of the multipath video streaming scenario
considered in this work is presented in Figure 1. We define
a unicast video transmission system employing the Multipath
User Datagram Protocol (MPUDP) over heterogeneous wire-
less networks (WiFi and LTE). The sender follows a path-and-
content-aware strategy defined by its scheduler component to
allocate the data through the multiple transmission paths. The
scheduler monitors the current conditions of each path and
verifies the content of each MMT video packet to select the
best path for each packet to be transmitted.

Since our scenario considers a heterogeneous network con-
text, it is important to properly allocate transmission bit rates
that cope with each path capacity and its current conditions in
order to avoid either congestion or underutilization of network
resources. The adaptive traffic split scheme proposed here is
described in Subsection II-A.

Objective metrics, such as goodput, average delay, number
of lost packets, and jitter, are periodically computed at the
receiver side in order to monitor the quality of the transmission
paths. In this work, these metrics are computed and sent as
feedback messages to the sender every 0.5 seconds by using

the following two signaling messages defined in MMT stan-
dard [16]: Reception Quality Feedback (RQF) and Network
Abstraction for Media Feedback (NAMF).

Considering the relevance of the feedback information for
the proper scheduling process, it is necessary to send it
over the most qualified path. Therefore, the receiver selects
the best path to return feedback packets based on the last
computed objective metrics. After a feedback interval time,
at the sender side, the scheduler uses the received metrics to
adaptively categorize each path condition as good, mild or
bad by following the method detailed in Subsection II-B. If
the path condition is estimated as mild or bad, the possibility
of loosing video packets is high, either because they will
be dropped by the network itself or because they will be
considered as overdue packets when arriving at the receiver
side. Therefore, the scheduler also applies the discard strategy
described in Subsection II-C to help reducing congestion by
avoiding sending packets that would probably be lost.

The scheduler also considers the content of each video
packet to better protect I frames and the closest n P frames,
named as near-I (NI) frames in this work. The reason for
protecting NI frames is based on the fact that errors on
these first P frames of the group of pictures (GOP) have a
higher impact on the perceived quality of experience [21]. Our
proposed content-aware strategy follows the rules described in
Subsection 1I-D.

A. Adaptive Video Traffic Split

We propose to split the video traffic based on a goodput-
division-delay (GDD) metric dynamically computed by the
scheduler after receiving a feedback packet. The GDD for
each path is calculated as GDD,, = gf—: , where gp), is the
goodput of path p measured in [kbps] and d,, is the average
one-way delay of path p measured in [s]. The bit rate split

factor for each path (4,) is then computed as

GDD,

=2 (1)
>.GDD,
i=1
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where N is the total number of transmission paths. As an initial
estimation, when feedback packets were not yet received by
the scheduler, A, is computed as

bwy,
delay),

N
bwp

i delay),

/lp = > 2

where bw,, is the inherent maximum path bandwidth and
delay, is the minimum path delay.

B. Estimation of Path Condition

We propose to model the path condition estimation problem
as a three-state Markov model where each state represents one
path condition: Good Condition (GC), Mild Condition (MC)
and Bad Condition (BC). A matrix P of transition probabilities
among the three states is computed and periodically updated
by the scheduler. A matrix C is also kept to store the number of
transitions from each state i to state j (¢;; ). Following [22], the
elements of matrix P are computed by the following equation:

Cij + 1
N s
Z Cij + N
j=1

where p;; is the transition probability from i to j.

In order to define the path condition state, two predefined
thresholds are used: 7, for one-way delay and 7; for packet
loss rate. T; was set as 50 milliseconds following recom-
mendations in [23], where this is the maximum limit delay
for achieving high quality multipath HD video transmission
in heterogeneous wireless networks. For the definition of 77,
we were inspired by the work in [24], which specifies a
multipath streaming scheme (EMS) with FEC (Forward Error
Correction). The work states that, with H.264 encoding, the
packets loss rate should be less than 1% in order to ensure high
quality real-time live streaming. Since FEC is not applied in
this work to MMT packets, this limit was slightly extended
and T; was set as 2%.

The following two metrics specified in [25] were also
computed and used in this work:

31 1
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where dj, ywma,cur 15 the current weighted moving average of
one-way delay of path p, dp wma,pre 1 the previous weighted
moving average of one-way delay of path p, oy, ,, is the
current standard deviation of one-way delay of path p and
odp, prev 1s the previous standard deviation of one-way delay
of path p.

The two thresholds (T; and 7;) and the two computed
metrics (dpwma,cur and oy, ., ) are then combined in the
following way:

o Path is in GC state if D, < Ty && L, < T;, where
D, and L, are the highest one-way delay of path p
and packet loss rate of path p, respectively, for a single
feedback interval time;

o Path is in MC state if D, < Ty && L, > T;;

o Path is in BC state if D, > Ty || dp > dpwmacur +

Tdp,cur

2

C. Discard Strategy

If the path condition state is estimated as MC or BC, a
discard strategy is applied by the scheduler to avoid increasing
network congestion by not even sending packets that will be
probably either overdue or dropped. As part of the strategy,
the transition probabilities computed according to Eq. (3) are
used to reduce the path bit rate split factor A, in the following
way:

« if the path is in MC it is important to consider the path
history in order to verify if there is a higher probability
of moving to GC or to BC. The last computed objective
metrics are compared with the metrics received in the
previous feedback message. If the number of lost packets,
jitter and delay have increased, then the probability of
moving to BC is higher and 4, is updated as 1, =
Ap .(1-ppB), where pyp is the probability of transition
from MC to BC. Otherwise, the path conditions are
improving and no packet will be discarded;

o if the path is in BC, then 4, = 1, . (1 — ppp), where
paa is the probability of being in BC and staying in BC
state.

D. Adding Content-aware Protection

In addition to the path-aware scheduling strategy detailed
in Subsections II-A, II-B and II-C, we also define a content-
aware scheme to better protect I and near-I (NI) frame packets
in this work. Our content-aware scheme does not discard any I
or NI packet and employs packets duplication and/or rerouting
according to the following rules specified for the scenario with
two transmission paths (N = 2):

« if one path is in GC and the other path is in MC or BC,
then all T packets will be sent only through the path in
GC;

« if one path is in MC and the other path is in BC or both
paths are in BC, then all I packets will be duplicated and
sent through both paths;

« if both paths are in GC or in MC, then no packet will
be duplicated and the bit rate split factors computed
according to Eq. (1) for each path will be used.

The same rules are applied for NI frame packets, except
they are never duplicated. The protection scheme is not applied
to P frame packets. Therefore, they are transmitted according
to all the rules specified in previous subsections, including
the discard strategy. It must be highlighted that our path-and-
content-aware strategy does not discard any packet containing
I or NI frame data. In other words, the proposed discard
strategy applies to P frame packets only.
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Fig. 2. Variable background traffic setup to first simulate congestion separately in each path and then simultaneous congestion in both paths.

TABLE I
PACKETS DISTRIBUTION ACCORDING TO FRAME TYPE.
Video sequence I packets | NI packets | P packets
Elephants Dream | 24.36% 11.29% 64.35%
Big Buck Bunny 38.23% 10.92% 50.85%

III. EXPERIMENTAL EVALUATION

A. Methodology

The experiments of the proposed path-and-content-aware
scheduling strategy are carried for the well-known cartoon
sequences named Elephants Dream and Big Buck Bunny. Their
resolutions are of 1920x1080 and the total number of frames is
approximately the same: 15,691 frames for Elephants Dream
and 14,315 frames for Big Buck Bunny. The H.264/AVC IM
Reference Software [26] was used as the encoding tool and
the MP4 fragmentation procedures were done by the GPAC
MP4BOX [27] tool. Decoding and error concealment were
performed with FFMPEG [28]. The employed GOP structure
is IPPPP...P and the GOP size is of 16 frames.

In order to compare results in the same network simulation
scenario, both sequences were encoded with the same source
bit rate (4 Mbps). Table I shows the distribution of packets
and one can see that Big Buck Bunny has more I packets
and consequently less P packets than Elephants Dream. This
difference is due to higher amount of texture, details and
action in Big Buck Bunny. Only the initial 2 P frames in
the GOP were considered as near-I (NI) frames. Therefore,
the remaining 13 frames in each GOP are regular P frames.
Table I also shows the distribution of NI and P packets.

A NS3-DCE [29] model is implemented to simulate the
proposed strategy in a realistic network scenario. Our mul-
tipath simulation setup comprises of two wireless networks
implemented by the LTE and WiFi modules available in
the NS-3 simulation library. The different specifications and
heterogeneity between LTE and WiFi are among the big
challenges of this work for properly splitting video traffic and
achieving load balancing. For the LTE path, based on [30],
bw), and delay, were defined, respectively, as 18.3 Mbps and

15 milliseconds (ms). The 802.11n/5GHz model was chosen
for the WiFi path. Therefore, bw, and delay, were defined for
the WiFi path, respectively, as 54 Mbps and 10 milliseconds.

Constant uplink and variable downlink background traffics
were added in the NS3 simulation, as illustrated in Figure 1, to
stress out the proposed scheduling strategy in different network
congestion situations. The downlink background traffic is
generated by the server and initially set as 13 Mbps for
both paths. On the other hand, the uplink background traffic
is generated by the network nodes and set as 2 Mbps, in
accordance to real network scenarios where the uplink traffic
is smaller than the downlink traffic.

In our simulation, the uplink background traffic is kept
constant, but the downlink background traffic is periodically
increased separately for each path, as illustrated in Figure 2. In
the first part of the simulation (approximately until 250 ms),
the background traffic of only LTE path is increased while the
background traffic of the WiFi is kept constant. In the second
part (approximately until 500 ms), the opposite behaviour
is simulated and the background traffic of the WiFi path is
increased while the background traffic of the LTE is kept
constant. Finally, after 500ms, background traffic is slightly
increased in both paths to simulate simultaneous congestion
in LTE and WiFi.

In order to turn the simulation setup more real, the NS3
channel random error model was employed to capture the
effects of noisy wireless channels. Loss rate values were set
as 1% for the LTE path and 0.1% for the WiFi path, based on
the research in [31].

B. Performance Evaluation

The following objective metrics were computed to evalu-
ate the performance of the proposed path-and-content-aware
scheduling strategy: goodput, packet loss rate, PSNR and
SSIM. The results were compared with a simple scheduling
strategy where packets were evenly split in both transmission
channels. It was not possible to compare our results with other
more sophisticated approaches because we were not able to
find other works proposing MMT-based multipath scheduling
improvements. However, it is important to note that, even



TABLE II
COMPARISON RESULTS BETWEEN DIFFERENT SCHEDULING STRATEGIES FOR Elephants Dream AND Big Buck Bunny VIDEO SEQUENCES.
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Video sequence Scheduling strategy rate frame packet loss rate PSNR SSIM | ¢rTE PWiFi
Path-and-content-aware | 2.6% 0.8% 39.56 dB | 0.942
Elephants Dream g0 = ony 33.43% 8.5% 3724 d8 [ 0763 | 2% | 3%
. Path-and-content-aware | 4.2% 1.6% 32.54 dB | 0.893
Big Buck Bunny g s T 77.4% 12.89% SL13dB | 0749 | 4% | 32%
7 T T T T T T 7
651 : s LTE —— - 6.5
6 - i i ; ; WiFi - 6
5.5 Total B 5.5
5F e - 5L
45+ . 45

Goodput [Mbps]

.0 L | L \I | \ 1 1 1 I L

200 250 300 350 400 450 500 550 600

Simulation time [s]

Fig. 3. LTE, WiFi and total (joint) goodput for Elephants Dream packets
evenly split through WiFi and LTE transmission channels.

though evenly splitting packets is a simple scheduling strategy,
it can take advantage of the network multipath capabilities and
increase the total achieved goodput, as can be seen in Figure 3
for the transmission of the video sequence Elephants Dream.

One can note in Figure 3 that, at the initial part of the
simulation, where there is no congestion, video traffic is
equally split between LTE and WiFi. Therefore, each channel
has a goodput of 2 Mbps and the total goodput is of 4 Mbps.
Then, when LTE gets heavily congested, its goodput sharply
decreases due to packet losses, and the total goodput (2 Mbps)
achieved in this period is only due to packets transmitted
over WiFi. In the second part of the simulation, LTE recovers
from congestion and then WiFi gets congested. However, since
WiFi inherent capacity is higher than LTE, congestion is better
handled and its goodput is only slowly decreased while the
effect on the total goodput is not so noticeable.

Figure 4 illustrates that the total achieved goodput is higher
and more stable when our proposed scheduling strategy is
applied instead of the evenly split distribution. One can note
that load balancing is clearly achieved between both paths and
the higher inherent capacity of the WiFi path is exploited.
In addition, congestion (first in LTE and then in WiFi) is
properly handled by the scheduler by switching traffic among
paths and keeping a stable total goodput of 4 Mbps through
all simulation, except for the last part where both paths get
congested. The goodput decrease in this last part is not only
due to congestion, but also to packets lost due to the discard
strategy applied by the scheduler to avoid further congestion.

Table II shows a comparison between the packet loss
rates for the scenarios simulated in Figures 3 and 4 with
Elephants Dream. Results are also provided for Big Buck
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Fig. 4. LTE, WiFi and total (joint) goodput for Elephants Dream packets
transmitted according to the proposed path-and-content-aware scheduling
strategy.

Bunny, considering the same simulation scenarios. One can
see in Table II that, due to differences of the video sequences
previously mentioned and shown in Table I, Big Buck Bunny
has more losses than Elephants Dream in all compared con-
ditions. However, one common result for the two sequences
and all compared conditions is the significant packet loss rate
reduction, varying from 85% to around 91%, achieved by the
path-and-content-aware scheduling strategy when compared to
the evenly split scheduling strategy. For instance, the total
packet loss rate of Elephants Dream is reduced from 23.48%
to only 2.6%, which corresponds to a 88.93% rate reduction.

Results in Table II also show the effectiveness of the
proposed scheduling strategy to better protect I and NI frame
packets. For both sequences, the percentage of lost I and NI
frame packets over the total number of lost packets decreases.
For instance, with our proposed scheduling strategy, I and
NI losses for Elephants Dream decrease to only 0.8%, which
corresponds to 30.76% of the total losses (2.6%). When evenly
split scheduling strategy is applied, I and NI losses correspond
to 36.20% of total losses. Therefore, the rate is reduced from
36.20% to 30.76%. Similar results are obtained for Big Buck
Bunny, where the rate is reduced from 46.71% to only 38.09%.

Additionally, Table II shows the reduction of average one-
way delay of non-overdue packets for LTE (¢rrg ) and WiFi
(¢wiFi ). For instance, the Elephants Dream sequence video
has shown a reduction of 32% and 23%, respectively, for
LTE and WiFi. The results clearly indicate, for both simulated
scenarios, that our proposed path-and-content-aware strategy
efficiently enables a better adjustment to network conditions
by balancing the bit rate distribution and the discard strategy.



Regarding the objective video quality metrics results, the
PSNR and SSIM values of Table II attest to our objective of
improving the QoE of end users by employing our scheduling
strategy. One can see that PSNR and SSIM gains of, respec-
tively, 12.34 dB and 0.174 can be achieved for Elephants
Dream while similar gains of 11.41 dB and 0.144 can be
achieved for Big Buck Bunny.

Under the simulated network conditions, as shown in Ta-
ble II, the resulting QoE would be very low, almost completely
degrading the whole sequence with PSNR values as low as
21.13 dB. Even in this challenging scenario, our proposed
strategy was able to keep the QoE in higher levels while
optimizing the total network goodput.

IV. CONCLUSIONS AND FUTURE WORK

In this paper, we introduced a novel scheduling strategy as
a multipath MMT solution with the ability to adapt to varying
network path conditions taking into account the characteristics
of the video content. The main advantage of this path-and-
content-aware approach is the ability to improve the selection
of the best path for transmitting each video packet.

Our approach successfully proved its efficiency in a sim-
ulated network scenario, ensuring high levels of PSNR and
SSIM in conditions where a simple multipath scheduling
solution results in a totally degraded video experience due
to the high number of lost packets. It is important to highlight
that, since we leveraged the feedback signaling mechanisms
defined in the MMT standard, this work is a candidate solution
for future improvements of MMT standardization efforts.

As future work, we consider adding a Forward Error Cor-
rection (FEC) stage exploiting what is already specified as the
Application Layer FEC of the MMT standard. Improvements
of the current discard and content-aware strategies are also
considered. Moreover, since we were not able to find any
multipath MMT approach in the reviewed literature, we plan
to compare our proposed strategy with alternative multipath
solutions, such as MPRTP [12], [15], in addition to experi-
mental evaluation using the Mininet-WiFi emulator [32].
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