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Abstract—Simultaneous access to multiple interfaces (e.g., WiFi
and cellular networks) can significantly improve the users’ quality
of experience (QoE) in video streaming. However, some interfaces
could be more expensive to use and less energy efficient. There-
fore, in this paper, we propose a preference-aware multipath video
streaming algorithm over HTTP using multipath TCP (MPTCP).
First, we formulate the quality decisions of the video chunks and
the chunk’s download policy subject to the chunk’s deadlines, the
available bandwidth of the different paths, and the link preferences
as a non-convex optimization problem. The objective is to optimize
a novel QoE metric that maintains a tradeoff between maximizing
the quality of every video’s chunk and ensuring quality fairness
among all chunks for the minimum re-buffering (stall) duration,
and without violating the link preference constraint. Second, we
develop a polynomial time complexity algorithm to solve the pro-
posed optimization problem, and provide guarantees for the pro-
posed algorithm. We further propose a sliding window based online
algorithm where several challenges including short bandwidth pre-
diction with prediction errors are addressed. Extensive emulated
experiments with real bandwidth traces of public datasets reveal
the robustness of our scheme and demonstrate its significant per-
formance improvement compared to the state-of-the-art multi-path
streaming algorithms.

Index Terms—Video streaming, multi-path, multi-path TCP,
stall duration, non convex optimization.

I. INTRODUCTION

V IDEO streaming is one of the major sources of traffic in
mobile networks. Currently, video content accounts for

50% of the cellular traffic and it is expected to account for
around 75% of the mobile data traffic by the year of 2023 [1].
While its popularity is on the rise, its quality of experiences
(QoE) is still often far from satisfactory. One solution to im-
prove the user’s QoE, especially in the mobile scenario, is to
leverage multiple network interfaces of a single device and ag-
gregate their available bandwidths in order to boost the quality
of the video. It is common that today’s client hosts are equipped
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with multiple network interfaces. For example, mobile devices
(e.g., Apple iOS 7 [2]) inherently support WiFi and cellular net-
works at the same time. To better describe a use case, assume
a user is riding a train or bus in which a local WiFi is pro-
vided. Since, there could be many users sharing the WiFi net-
work, a user could use its LTE link to help stream the video at a
higher quality and to reduce stalls. However, in multi-path video
streaming, some of the links are in general more preferable as
compared to the others. For instance, the users may not wish to
use too much of cellular link since it is, in many cases, more
expensive (limited plans) and less energy efficient (far from the
base station) as compared to the WifI link. Therefore, the sce-
nario where some of the links are less preferable than others
need to be considered. In this paper, we propose an efficient
video streaming algorithms to improve users’ QoE using multi-
ple paths and with considering user’s link preference.

An intuitive approach to enable multi-path is to replace
the conventional transport (i.e., TCP) with Multi-path TCP
(MPTCP [3]), which is the de-facto multi-path solution allow-
ing applications to transparently use multiple paths. Specifically,
MPTCP opens multiple sub-flows (usually one over each path),
distributes the data onto the sub-flows at the sender, and reassem-
bles data from each path at the receiver. The key advantage of
MPTCP is that it allows applications to use multiple paths with-
out changing the existing socket programming interface. Thus,
in this paper, we will consider an approach for fetching video
chunks on multiple paths with the use of MPTCP. However, tra-
ditional MPTCP does not prefer one link over the other, which
is the focus of this paper.

In order for a client to be able to stream different portions
of the video at different quality levels according to the current
situation of the network and/or buffer occupancy, the video it-
self needs to be divided into chunks and available at different
quality levels. The predominant video encoding scheme of to-
day is “Advanced Video Coding” (AVC, e.g MPEG4-AVC). In
AVC, the video is divided into chunks, and each video’s chunk
is stored into L independent encoding versions. When fetching
a chunk, the player’s adaptation mechanism, Adaptive Bit Rate
(ABR) streaming logic such as MPEG-DASH (Dynamic Adap-
tation Streaming over HTTP) [4], needs to select one out of the
L versions based on its estimation of the network condition and
the buffer capacity. In this paper, we propose a streaming algo-
rithm which decides up to which quality should every chunk be
fetched, and how much every link should be downloading for
every chunk such that chunk’s deadlines, and link preference
constraints are respected. We note that different byte ranges of a
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chunk can be fetched using different links. This flexibility helps
to provide additional improvement on QoE compared to a single
link streaming scenario.

In this paper, we formulate the preference-aware adaptive
multipath streaming as an optimization problem for perfectly
predicted bandwidths. The objective is to is to optimize a QoE
metric that minimizes the video’s stall duration as the first prior-
ity and maintains a tradeoff between maximizing the quality of
every chunk and ensuring quality’s fairness among all video’s
chunks, i.e., minimizing quality switching rate, while respect-
ing the link preference constraints. However, since in practice,
the future bandwidth cannot be perfectly predicted, but can be
estimated for a short time ahead using a bandwidth prediction
technique such as crowd-sourced method [5], [6], or harmonic
mean of the bandwidth achieved for the last few seconds [7], we
propose an online sliding window based algorithm that solves
the proposed optimization problem every α seconds to make
a decision for the next W chunks. We evaluate our algorithms
using real bandwidth traces of public datasets collected from
commercial networks. The evaluation demonstrates that our ap-
proach is robust to prediction errors, and works well with a short
prediction window. We compare our algorithms against a num-
ber of adaptive streaming strategies for multi-path streaming.
The results demonstrate that our algorithm outperforms them in
term of avoiding the stall duration and achieving a higher average
playback quality without violating link preference constraint.

Our Contributions: The main contributions of the paper are
as follows.
� We formulate the multi-path video streaming over HTTP

and MPTCP with perfect bandwidth prediction as an opti-
mization problem, whose objective is to optimize a novel
QoE metric that maintains a tradeoff between maximizing
the quality of every video’s chunk and ensuring quality
fairness among all chunks for the minimum re-buffering
(stall) duration, and without violating the link preference
constraint.

� We propose an online sliding window based algorithm for
the practical scenario in which the bandwidth can only be
predicted for sometime ahead with prediction errors. The
online algorithm solves the proposed optimization problem
every α seconds to make quality and downloading policy
decisions for the next W chunks using the predicted band-
width.

� The proposed problem is a non-convex discrete optimiza-
tion problem. However, we develop an efficient algorithm
that solves this specific problem in polynomial time. Guar-
antees for the proposed algorithm are provided.

� We evaluate our algorithms using real videos, and band-
width traces from public datasets collected from commer-
cial networks. The evaluation demonstrates that our ap-
proach is robust to prediction errors, and works well with
a short prediction window, where we estimate the band-
width using harmonic mean of the bandwidth values of the
past few seconds. We compared our algorithms to a num-
ber of multipath adaptive streaming strategies. The results
demonstrate that our algorithm outperforms them by im-
proving the key QoE metrics such as the playback quality,

the number of layer switches, lower preference link usage,
and the stall duration.

The rest of the paper is organized as follows. Section II dis-
cusses the related work. Section III describes the problem for-
mulation for multi-path streaming. Further, a polynomial run
time algorithm is provided for this non convex problem in
Section IV. The algorithm is extended to the case of short
bandwidth prediction with prediction error (online algorithm) in
Section IV-C. Section V presents the trace-driven evaluation re-
sults with a comparison to the different baselines. Section VI
concludes the paper.

II. RELATED WORK

Video streaming has received a lot of attention from both
the academia and industry in the past decade. There are ABR
and adaptive SVC adaptation algorithms. Some of the widely
used ABR streaming techniques include MPEG-DASH [4], Ap-
ple’s HLS [8], Microsoft’s Smooth Streaming [9], and Adobe’s
HDS [10]. In recent studies, various approaches for making
ABR streaming decisions have been investigated, for example,
by using optimization theory [11]–[15], Markov Decision Pro-
cess [16], machine learning [17], client buffer information [18],
and data-driven techniques [19]–[21].

The knowledge of the future network conditions can play
an important role in Internet video streaming. A prior study
[22] investigated the performance gap between state-of-the-art
streaming approaches and the approach with accurate band-
width prediction. The results indicate that prediction brings ad-
ditional performance boost for ABR streaming, and thus mo-
tivates our study. The bandwidth have been shown to be pre-
dictable for some time ahead using a crowd-sourced method
to obtain historical data [5], [6], or harmonic mean of the past
bandwidth [7].

Adaptive streaming strategies have been proposed for multi-
path channels in [7] where a heuristic based on prediction,
MSPlayer, was proposed for streaming video chunks using WiFi
and LTE. In their proposed heuristic, alternate chunks are down-
loaded using WiFi and LTE connections respectively. However,
MSPlayer does not assume video streaming over MPTCP in
which orthogonal links appear as one link to the application
layer. Moreover, MSPlayer does not provide any mechanism
to prefer one link over the other. Recently, the authors of [23]
proposed algorithms for using multi-path TCP video streaming
where the primary objective is to reduce the usage of LTE as well
as minimizing the video stall duration. However, their proposed
approach does not explicitly consider that LTE link should be
minimized when making quality decision of each chunk. In fact,
the proposed scheme in [23] does not make quality decision of
chunks. It uses a rate adaptation algorithm, like BBA [18] or
Festive [24] to make the quality decisions based on the buffer
state or the bandwidth prediction of the WiFi link, and then it
uses MPTCP and tries to fetch the chunks at the decided qual-
ity with the minimum possible usage of the LTE link. Hence,
this approach operates at two stages: quality decision and then
chunk download. Therefore, the proposed scheme separates the



problem of finding the quality decision of chunks from the prob-
lem of LTE usage minimization. Thus, both objectives (quality
decisions and LTE usage minimization) are not optimized jointly
which leads to sub-optimal solution. In contrast, this paper pro-
poses algorithm that consider preference of one link over the
other explicitly in the optimization problem, optimize jointly
over the two objectives, and use the approach of [23] as a com-
parison in the evaluations.

III. PROBLEM FORMULATION

In this section, we describe our problem formulation con-
sidering two links (e.g., WiFi and cellular networks) in the
exposition, but the formulation and proposed algorithms can
be easily extended to more links. We assume a video that is
played with an initial start-up, (i.e., buffering) delay s and there
is a playback deadline for each of the chunks where chunk i
needs to be downloaded by time deadline(i). If a chunk is
not received by its deadline, a stall will take a place. i.e., the
video will pause until the chunk is fully downloaded since the
buffer is running empty. Our objective is to find the fetching
policy, i.e., what every link should download for every chunk,
such that the stall duration is minimized as the first priority
and average playback bitrate is maximized while maintain-
ing minimum quality switching between chunks as the next
priority. Moreover, link preference, and bandwidth constraints
should not be violated. For now, we will assume a perfect band-
width prediction for the whole period of the video and an in-
finite buffer size at the client (offline problem). We will relax
these assumptions when we describe our online algorithm in
Section IV-C.

Let’s assume a video that is divided intoC chunks (segments),
where every chunk is of length L seconds is encoded at (N + 1)
quality levels with rates r0, r1, . . . , rN . Let Xn be the size of a
chunk when it is encoded at the n-th quality level, Xn = L ∗
rn. Let Yn be the size difference between the n and (n− 1)-th
quality levels, so Yn = Xn −Xn−1, n ≥ 1. However, Y0 = X0.
Moreover, let’s assume that Zn,i is what can be fetched out of
Yn. Zn,i ∈ {0, Yn}. In words, Yn is either totally fetched, so
Zn,i = Yn and the chunk is a candidate to the n-th quality level
or it is totally skipped (Zn,i = 0). We will call Zn,i: the decision
variable of the n-th quality level of chunk i. Since no chunk
is totally skipped, we have Z0,i = Y0. every chunk i must be
downloaded by time s+ (i− 1)L in order to avoid any stalls.
If a chunk cannot be downloaded by its deadline, a stall (i.e.,
rebuffering) will occur and the total stall (re-buffering) duration
from the start until the play-time of chunk i isd(i). Therefore, the
final deadline of chunk i is deadline(i) = (i− 1)L+ s+ d(i).

Let X(i) =
∑N

n=0 Zn,i be the final decision of the size of

chunk i (quality decision of chunk i), and let z(k)n (i, j) be the
amount that needs to be downloaded from Zn,i over the link k

(e.g., WiFi link) at time slot j. Moreover, let Z(k)
n,i be the total

size that needs to be downloaded for the level n of chunk i by
link k. i.e., Z(k)

n,i =
∑(i−1)L+s+d(i)

j=1 z
(k)
n (i, j). We will refer to

Z
(k)
n,i by the decision variable of quality level n, chunk i, and

link k. Let B(k)(j) be the available bandwidth over the link

k ∈ {1, 2} at time j. Further, let Bm be the playback buffer
size in time units (i.e., the playback buffer can hold up to Bm

seconds of video content). We assume all time units are discrete
and the discretization time unit is assumed to be 1 second (which
can be scaled based on the time granularity). Since the chunk
size is L seconds, the buffer occupancy increases by L seconds
when chunk i starts downloading. Therefore, we ensure that
there is enough space in the buffer before starting to download
chunk i.

We assume that link 1 can be used as much as its bandwidth
allows. However, we assume that link 2 can only help in fetching
up to the quality level n2 ≤ N if link 1 can’t meet the deadline.
For example, when n2 = 0, link 2 can be used only to avoid
stalls if link 1 fails to do so. We now formulate an optimization
problem that optimizes the following metrics in their order (i)
minimizes the stall duration, (ii) maximizes the average play-
back rate of the video, (ii) minimizes the use of link 2. However,
the average playback rate maximization is constrained to prefer
pushing more chunks to the n-th quality level over any other
choice that pushes the quality of some chunks to levels >n with
the cost of dropping the quality of some other chunks to lev-
els <n. This constraint on average playback maximization will
minimize the quality changes between the neighboring chunks
to ensure the perceived quality is smooth. We give a higher pri-
ority to (i) as compared to (ii), since stalls cause more quality-
of-experience (QoE) degradation compared to playing back at a
lower quality [11].

In order to account for these objectives and respect the priority
order, i.e., link 2 has to be used less, and it can’t fetch beyond the
level n2, we maximize a weighted sum of Z(k)

n,i , ∀n, i, k, where
the decision variables of the lower levels and the more preferable
links are given higher weights. We introduce weights λk

n where
n is the quality level index and k is the link index. The weights
need to satisfy the following conditions.

λ(2)
a Ya > C ·

(
N∑

n=a+1

λ(1)
n Yn

)

, n ≤ n2 (1)

λ(1)
a Ya > C ·

(
N∑

n=a+1

λ(1)
n Yn

)

, ∀n (2)

λ(1)
n > λ(2)

n , ∀n (3)

Equation 1 implies that, for any quality level a, the levels
higher than a using link 1 have lower utility than a chunk at
level a fetched using link 2. Since link 1 has higher weight than
link 2 ( due to (3)), the use of λ helps in giving higher priority to
fetch more chunks at the nth quality level over fetching some at
higher quality at the cost of dropping the quality of other chunks
to below the nth quality level. For n > n2, link 2 is not used
and thus (2) implies the same as (1) for higher layers. (3) will
obey the priority order of the links, and it will not use a less
preferable link to fetch a bytes that can be fetched by the more
preferable link. Moreover, we give the highest weight μ to avoid
stalls, so μ � max(λk

n). The overall optimization problem can



be formulated as follows:

Maximize :

C∑

i=1

N∑

n=0

(
λ(1)
n Z

(1)
n,i + λ(2)

n Z
(2)
n,i

)

− μd(C) (4)

subject to

Z
(k)
n,i =

(i−1)L+s+d(i)∑

j=1

z(k)n (i, j) ∀i, n, k (5)

Z
(1)
0,i + Z

(2)
0,i = Y0 ∀i (6)

Z
(1)
n,i + Z

(2)
n,i = Zn,i ∀i, n > 0 (7)

Zn,i ≤ Yn

Yn−1
Zn−1,i ∀i, n (8)

Z
(2)
n,i = 0 ∀i, j, n > n2 (9)

N∑

n=0

C∑

i=i′
zkn(i, j) ≤ Bk(j) ∀j, k ∈ {1, 2} (10)

zkn(i, j) ≥ 0 ∀i, j, k ∈ {1, 2} (11)

zkn(i, j) = 0 ∀i, j > deadline(i), k ∈ {1, 2} (12)

Zn,i ∈ {0, Yn,i} ∀i, n > 0 (13)

d(i) ≥ 0, d(i+ 1) ≥ d(i), deadline(i)

= s+ (i− 1)L+ d(i) ∀i (14)

Variables: zkn(i, j), Z
(k)
n,i , Zn,i, d(i) ∀i = 1, . . . , C,

j = 1, . . . , deadline(C), n = 0, . . . , N

Constraint (6) ensures that every chunk is fetched at least at the
lowest quality, i.e., there are no skips. Constraint (7) ensures that
for a chunk i, whatever is fetched over all times for any quality
level higher than the lowest is equal to the decision variable
of that quality level. Constraint (8) enforces a chunk to not be
considered for the n-th quality level that if it is not a candidate
to (n− 1)-th level. Constraint (9) ensures that link 2 is not used
to fetch beyond the quality level n2. (10) imposes the available
bandwidth constraint at each time slot j and link k. Constraint
(11) imposes the non-negativity of chunk download. Constraint
(12) enforces the deadline of a chunk, so a chunk can’t be fetched
after its deadline. Constraint (13) enforces the decision variables
Zn,i to belong to the discrete set {0, Yn}. Finally, Constraint (14)
states that the stall duration before any chunk is non-negative
and, it defines the deadline of chunk i.

The problem (4)–(14) is a non-convex since the feasible set
(the set of the decision variables) is discrete. However, In next
section, we propose a polynomial complexity algorithm and we
show that the proposed algorithm achieves the optimal solution
to the problem (4)–(14).

IV. SMARTSTREAMER ALGORITHM

In this section, we describe the proposed algorithm. To de-
velop the algorithm, we consider the offline algorithm, i.e., the

bandwidth is perfectly known for the whole period of the video.
We first assume the case in which both links can be used without
any preference. We refer to this algorithm as “Offline No-Pref
SmartStreamer”. Formally, we consider the conditions when
n2 = N , and the weights satisfy the condition defined by Eq. (1)
and the following condition:

λ(1)
n = λ(2)

n = λn ∀n. (15)

This algorithm is, then extended to the general case in which
one of the link can be used only to help fetching up to the n-th
quality level. We refer to this algorithm as “Offline Pref Smart-
Streamer”. Guarantees are provided for both the algorithms,
including the optimality for No-Pref version. Finally, we pro-
pose an online algorithm (Online Pref/No-Pref SmartStreamer)
in which more practical assumptions are considered such as short
bandwidth prediction with prediction error and finite buffer size.

A. Offline No-Pref SmartStreamer Algorithm

In No-Pref SmartStreamer, we assume that both links can
be used equally likely without any preferences. The No-Pref
SmartStreamer algorithm (Algorithm 1) initially calculates the
cumulative bandwidth of every second j and link k (R(k)(j))
(Line 5). The second step of the algorithm is to perform a for-
ward scan that simulates fetching the chunk at the 0-th quality
level. The forward scan determines the minimum stall time such
that all chunks are fetched at least at the 0-th quality level since
that is the first priority. Therefore, the objective of the forward
scan of the 0-th quality level is to check if all chunks can be
fetched at least at the 0-th quality level with the current startup
delay. The maximum number of chunks that can be fetched at
least at the 0-th quality level before the deadline of the ith chunk

is: V0,i = 	
∑K

k=1 R
k(deadline(i)
r0


(line 6). Hence, at the deadline
of any chunk i, if V0,i < i, the algorithm keeps incrementing the
deadline of every chunk ≥ i by 1 until the condition V0,i = i
is satisfied, then the algorithm resumes the forward scan (Line
10-13). At the end, the algorithm sets the final deadline of ev-
ery chunk i to be: deadline(i) = (i− 1)L+ s+ d(C), and this
deadline can’t be violated. Therefore, the 0-th quality level for-
ward scan achieves the minimum stall duration and brings all
stalls to the very beginning since that comes before the deadline
of all chunks. Hence, it offers bandwidth to more chunks and
can help in increasing the quality of more chunks to the next
quality levels.

In the third step, the algorithm performs backward scan that
simulates fetching chunks in the reverse order and starts from the
deadline of the last chunk (lines 17-31). The backward algorithm
(Algorithm 2) simulates fetching every chunk i starting from its
deadline and use all links with their remaining bandwidth after
all chunks i+ 1 to C are fetched. For example if the deadline of
the i-th chunk is the j-th time slot, the algorithm will use all the
remaining bandwidth in every link at the j-th time slot to fetch
the chunk. However, if that bandwidth is not enough to fully
download the chunk, the algorithm moves to the (j − 1)-th time
slot and check if the remaining portion of the chunk can be fully
downloaded in this time slot using the bandwidth of all links.
The algorithm proceeds the same way with every time slot until



chunk i is fully downloaded, then it proceeds to the chunk i− 1,
start from its deadline and do the same way.

Higher Quality Levels modification: The algorithm proceeds
by performing backward scan per level in order. The bandwidth
is now modified to be the remaining bandwidth after excluding
whatever has been reserved to fetch decision sizes of lower levels
(Line 7 in Algorithm 2). The chunks that can’t be fully down-
loaded at the n-th quality level during the backward scan are not
considered as candidates to the n-th quality level. Also note that
nth level for a chunk is not considered if it is not a candidate
to the n− 1th quality level (Line 19 in Algorithm 1). Finally,
during the actual fetching of the chunks, each link fetches the
the chunks/portions of chunks that are assigned to it in order.

Complexity Analysis: The algorithm sequentially decides
each level. For each level n, the algorithm first finds R(k)(j), the
cumulative bandwidth of every link k and time slot j, which is
linear with respect to every link. Thus, it has a run-time complex-
ity O(deadline(C)). Then, it performs forward scan that has a
run-time complexityO(deadline(C)). Finally, a backward scan
per chunk is performed. Since the complexity of backward al-
gorithm is linear in C, the run-time complexity for a level is
O(C2). Thus, the overall run-time complexity is O(N · C2).

Optimality of No-Pref SmartStreamer: We will now prove
that the proposed No-Pref SmartStreamer algorithm achieves the
optimal solution for the link assignment and the quality decision
for the problem specified by Equations (4)–(13) when n2 = N ,
and λs satisfy (1) and (15). We note that given two strategies
with the same number of chunks fetched at each quality level
from 0 to n− 1, among all remaining levels (layers n to N ), the
strategy that pushes more chunks to the (n+ 1)-th quality level
achieves higher objective. This follows from the constraint for
the weights, given in Equation (1) since the contribution to the
objective of one chunk at lower quality level is higher than all
the chunks at the higher quality levels.

We note that it is enough to show the optimality of the algo-
rithm as compared to any in-order algorithm, where the chunks
are fetched in order. This is because any feasible algorithm can
be converted to an in-order algorithm achieving the same ob-
jective. The following result shows that the proposed algorithm
minimizes the number of skips for a given quality level among
all the other algorithms that fetch the same quality levels up to
the immediate next lower level.

Lemma 1: Given size decisions up ton− 1th level (Z0,i, . . . ,
Zn−1,i, for all i), remaining bandwidth, and deadline(i) for
every chunk i, the proposed algorithm obtains the maximum
number of chunks at level n (or achieves the minimum number
of nth level skips) as compared to any feasible algorithm which
has the same quality level decisions of every chunk up to the
quality level n− 1.

Proof: Proof is provided in Appendix A-A. �
The algorithm starts from the last chunk, fetches chunks in

reverse order, and skip chunks only if the remaining bandwidth
is not enough to fetch a full chunk. Therefore, for any skip of
the backward algorithm, there must be a skip for any feasible
algorithm. Otherwise, the bandwidth constraint is violated. The
next result demonstrates that the proposed algorithm reserves
the maximum possible bandwidth before the deadline of every
chunk that is a candidate to the next layer.

Algorithm 1: Offline No-Pref smartStreamer Algorithm.

1: Input: Y = {Yn∀n}, L, s, C, Bk = {Bk(j)∀j},
k = 1, 2.

2: Output: I(k)n,i , n = 0, . . . , N : the size that need to be
fetched for the n-th layer of chunk i by link k.

3: deadline(i) = (i− 1)L+ s,∀i, d(i) = 0, ∀i
4: for each layer n = 0, . . . , N do
5: R(k)(j) =

∑j
j′=1 Bk(j

′), j = 1, . . . .deadline(C),
k = 1, 2

6: Vn,i = 	
∑K

k=1 R
k(deadline(i)
rn


, ∀i
7: if n = 0 then
8: for i = 1 : C do
9: d(i) = d(i− 1),

deadline(i) = (i− 1)L+ s+ d(i)
10: while (Vn,i < i) do
11: d(i) = d(i) + 1,

deadline(i) = (i− 1)L+ s+ d(i)

12: Vn,i = 	
∑K

k=1 R
k(deadline(i)
rn



13: end while
14: end for
15: deadline(i) = (i− 1)L+ s+ d(C), ∀i
16: end if
17: for i = C : −1 : 1 do
18: j = deadline(i), R = R(1)(j) +R(2)(j)

19: if (n = 0 or I(1)
n−1,i > 0 or I(2)

n−1,i > 0) then
20: if R ≥ Yn then
21: BB1 = B1, BB2 = B2, RR(1) = R(1),

RR(2) = R(2)

22: [r(k),Bk, k ∈ {1, 2}] =
23: Backward(i, j, RR(k),BBk, Yn, j, k ∈

{1, 2})
24: I

(k)
n,i =

R(k)(deadline(i))−RR(k)(deadline(i)),
k ∈ {1, 2}

25: B1 = BB1, R(1) = RR(1), R(2) = RR(2),
B2 = BB2, Yn = 0

26: else
27: skip the n-th layer of all the remaining chunks
28: Break
29: end if
30: end if
31: end for
32: end for

Lemma 2: Among all algorithms with the same number of
nth level skips, the proposed algorithm reserves the largest pos-
sible bandwidth for considering the n+ 1th level of every can-
didate chunk. In other words, the proposed algorithm maximizes
the resources to the higher levels among all algorithms that have
same decisions up to the current quality level.

Proof: Proof is provided in Appendix A-B. �
Intuitively, the proposed algorithm brings all the n-th level

skips as early as possible. Therefore, since the earlier chunks
are closer to their deadlines, not considering them for the next
quality level offers more bandwidth to the later ones. Hence,



Algorithm 2: Backward Algorithm.

1: Input: i, j, B1, B2, R
(1), R(2), Yn

2: Output: r is the residual cumulative bandwidth at
different times after fetching chunk i, B is the
residual bandwidth after accounting for fetching of
chunk i.

3: Initialization:
4: j1 = j2 = j
5: while (Yn > 0) do
6: fetched1 = min(B1(j1), Yn),

Yn(i) = Yn(i)− fetched1
7: B1(j1) = B1(j1)− fetched1,

R(1)(j1) = R(1)(j1)− fetched1
8: if (B(j1) = 0) then j1 = j1 − 1
9: fetched2 = min(B2(j2), Yn),

Yn(i) = Yn(i)− fetched2
10: B2(j2) = B2(j2)− fetched2,

R(2)(j2) = R(2)(j2)− fetched2
11: if (B(j2) = 0) then j2 = j2 − 1
12: end while

skipping earlier chunks in the n-th quality level minimizes the
number of (n+ 1)-th level skips, thus offering higher number
of candidate chunks to the (n+ 1)-th quality level than any
other feasible algorithm. Using Lemma 1 and Lemma 2, the fol-
lowing theorem shows the optimality of No-Pref SmartStream
algorithm in solving problem ((4)–(14)).

Theorem 1: Up to a given quality level M,M ≥ 0, if Z∗
n,i

is the decided size of the nth level decision variable of chunk
i (m ≤ M ) that is found by running No-Pref SmartStreamer
algorithm, and Z ′

n,i is the decided size of the nth level decision
variable of chunk i that is found by any other feasible algorithm
such that all constraints are satisfied, then the following holds
when n2 = N and λ’s satisfy (1), (2) and (15).

M∑

n=0

λn

C∑

i=1

Z ′
n,i ≤

M∑

n=0

λn

C∑

i=1

Z∗
n,i. (16)

In other words, No-Pref SmartStreamer achieves the optimal
solution of the optimization problem (4–14) when n2 = N and
λ’s satisfy (1), (2) and (15).

Proof: Proof is provided in Appendix A-C. �

B. Offline Pref SmartStreamer

In this section, we consider a preference to the use of link
1 as compared to link 2, i.e., n2 < N . This will allow using
link 2 to help downloading up to the quality level n2 while not
over-using it to achieve higher quality. Further, among different
schemes that obtain same number of chunks at quality levels
≤ n2, we wish to minimize the usage of link 2. For n2 = 0, this
implies that link 2 is only used to avoid stalls. Further, link 2 is
used only if necessary.

The Pref SmartStreamer is described in Algorithm 3. In the
first step, the algorithm calls the No-Pref SmartStreamer algo-
rithm for quality levels n = 0 to n2 (line 4). However, the out-
come of this call is not final since the preference has not been

Algorithm 3: Offline Pref SmartStreamer Algorithm.

1: Input: Y = {Yn∀n}, L, s, C, U , Bk = {Bk(j)∀j},
k = 1, 2.

2: Output: I(k)n,i , n = 0, . . . , N : the size that need to be
fetched for the n-th level decision variable of chunk i
by link k.

3: n2 = max layer index that both links can fetch
4: [I

(k)
n,i ∀i, R(k),Bk, k ∈ {1, 2}] =No-Pref

SmartStreamer(Y = {Yn∀n = 0, . . . , n2}, L, s, C,
Bk)

5: [I2(k)
n,i∀i, R(1),B1] =No-Pref SmartStreamer(I(2)

n,i∀i,
L, s, C, B1, 0)

6: I
(1)
n,i = I

(1)
n,i + I2(1)

n,i, I
(2)
n,i = I

(2)
n,i − I2(1)

n,i, ∀i,
7: [I

(k)
n,i ∀i, R(k),Bk, k ∈ {1, 2}] =No-Pref

SmartStreamer(Y = {Yn∀n = n2, . . . , N}, L, s, C,
B1,0)

taken into consideration. Then, the algorithm minimizes the us-
age of Link 2 such that the decisions up to level n2 remain the
same. In order to do that, the algorithm makes a second call
to No-Pref SmartStreamer, but this call considers only link 1
(Bandwidth of link 2 is 0) and chunks or portion of chunks that
were initially decided to be fetched by link 2 (line 5). The algo-
rithm changes the assignment of the chunks that were decided
to be moved from link 2 to link 1 in the second call of No-Pref
SmartStreamer (line 6). Once decisions of quality levels 0 to n2

are found, the remainder of the algorithm is similar to No-Pref
algorithm, but the algorithm uses only link 1 (line 7). In other
words B(j) = B1(j). This is because Link 2 does not help in
fetching chunks at qualities that are higher than the n2 quality
level.

Guarantees for Pref SmartStreamer: We now provide some
guarantees for the Pref SmartStreamer algorithm, when n2 < N
and λ’s satisfy (1)–(3).

Lemma 3: Offline Pref SmartStreamer Algorithm achieves
the maximum number of chunks fetched at the quality level n
for every n ≤ n2 given the decisions of quality levels <n.

Proof: Proof is provided in Appendix B-A. �
We note that among two strategies with the same number of

chunks fetched up to n2 quality level, the proposed problem
prefers obtaining content on link 1 as compared to link 2, due
to (3). The following result shows that the proposed algorithm
minimizes link 2 usage among all algorithms with the same
quality decisions.

Lemma 4: Offline Pref SmartStreamer Algorithm has the
minimum data usage of link 2 among all algorithms with the
same quality decisions. In other words, no other algorithm can
achieve less data usage for link 2 with the same number of chunks
fetched at every quality level n ≤ n2.

Proof: Proof is provided in Appendix B-B. �
We note that the proposed algorithm for the first n2 levels

achieves the same decision as No-Pref algorithm, while mini-
mizes link 2 usage. After these levels, only link 1 is used. The
overall optimality of the problem is tricky since slightly more
link 2 can be used instead of link 1 to free up enough bandwidth
to get an entire chunk at a higher level >n2 using link 1. Thus,



Fig. 1. Illustration of the online Pref/No-Pref SmartStreamer Algorithm.

the gain is an additional higher chunk using link 1, while the
loss in the objective is using a δ amount from link 2 instead of
link 1 at lower layer (≤ n2). Even though the overall algorithm
is not optimal, the results in Lemmas 3 and 4 show interesting
properties of the proposed algorithm.

C. Online No-Pref/Pref SmartStreamer: Dealing With Short
and Inaccurate BW Prediction

For the algorithms described in Sections IV-A and IV-B, we
assumed a perfect bandwidth prediction, and unlimited client
buffer capacity. However, practically, the prediction can be per-
formed for a few chunks ahead, and the prediction will not be
perfect. Moreover, the client buffer might be limited. In this
section, we describe the online smartStreamer algorithm that
obtains prediction for a window of size W chunks ahead and
makes decisions based on the prediction. Note that the buffer
capacity at the user may be limited, and in that case we consider
that W is no more than the buffer capacity since the chunks be-
yond that can’t be downloaded. The way we capture the buffer
capacity is by assuming that at every re-run of the algorithm (ev-
ery α seconds), only chunks that are Bmax ahead of the chunk
that is currently being played can be fetched.

There are multiple ways to obtain the prediction, including
a crowd-sourced method to obtain historical data [5], [6]. An-
other approach may be to use a function of the past data rates
obtained as a predictor for the future, an example is to compute
the harmonic mean of the past β seconds to predict the future
bandwidth [7]. The decisions are re-computed for the chunks
that have not yet reached their deadlines periodically every α
seconds.

As shown in Fig. 1, Online smartStreamer runs every α sec-
onds. At the first step, the algorithm checks if the current buffer
occupancy is lower than a pre-decided threshold Bmin, and if
so, the next chunk is requested at the lowest quality level. If
the buffer occupancy is higher than Bmin, the algorithm pre-
dicts the bandwidth for next W time using any of the afore-
mentioned schemes. With the predicted bandwidth, the No-
Pref(Pref) SmartStreamer algorithm described in Section IV-A
(IV-B) is used to find the quality and fetching policy decisions

TABLE I
AVC ENCODING CHUNK SIZES IN MB OF THE ENVIVIO VIDEO USED IN

OUR EVALUATION

of the chunks that are in the window formed by W chunks from
the playtime which have yet not been downloaded. Finally, the
decision is sent to the server, and the chunks are fetched ac-
cording to the algorithm decision. If all W chunks are fetched
before the next re-computation time, the current time is set as
the re-computation point, and the fetching policy for the next
W chunks from the one that is currently being played is com-
puted. Finally, at the start of the download, all links are assigned
chunks to download at the lowest quality level since there is no
bandwidth prediction available yet.

V. EVALUATION

A. Setup

To evaluate the performance of the proposed algorithms, we
built an emulation testbed using a client laptop and a server
machine, both running in a Linux machine with kernel version
2.6.32, 24 CPU cores, and 32MB memory. We emulated MPTCP
by two TCP connections between the client and the server over
two different TCP ports. The client is equipped with a built-in
WiFi interface. We use a dedicated 802.11n WiFi access point
running on the 5 GHz frequency band with RTT <1ms and
bandwidth >50 Mbps. To introduce bandwidth variations into
the emulated experiments, we adopt Dummynet [25] running
on the client side, thus the incoming rates of the TCP packets
from the server on the both links (i.e., 1 or 2) will be throttled
according to the bandwidth datasets used. The bandwidths pro-
file of the datasets for both the links are described later in this
section.

Video parameters: We used the parameters and chunks of En-
vivio video from DASH- 264 JavaScript reference client test
page which is 260s long, consisting of 65 4s chunks (L = 4s).
The video is encoded by H.264/MPEG-4 AVC codec into 5
different quality levels, and the nominal bitrate of the lev-
els are as follows: R = {0.338Mbps, 0.583Mbps, 0.959Mbps,
1.898Mbps, 2.806Mbps}. The actual encoding rates of the
chunks at any of the 5 different levels are different from the
nominal rates since the video is encoded in variable bit rate
(VBR). The min, mean, and max chunk size of every quality
level in Mega Bytes (MB) are shown in table I (chunk size of
level i is equal to L ∗R(i)). The table clearly shows the vari-
ability of the chunk sizes of every level. Finally, to emulate the
MPTCP, since in the original video files, for every chunk there
are 5 files each file contains the same chunk but encoded into
one of the 5 different encoding rates, we generated 5 different
synthetic files with the same exact sizes of the 5 original files.
Then, we further split every file into smaller files each of size
that is about 1KB. Therefore, we make a decision of the quality
of the chunk and also a decision of what link to use in order to
fetch every 1KB of the chunk.



Bandwidth Traces: For bandwidth traces, we used two pub-
lic datasets, representing the two paths. The first dataset (de-
noted Dataset1) consists of continuous 1-second measurement
of throughput of a moving device in Telenor’s mobile network
in Norway [26]. The second dataset (denoted Dataset2), is the
FCC dataset [27], which consists of more than 1 million sets of
throughput measurements. Both these datasets have been post-
processed in [28] to give 1000 traces, each of 6-minute length
which will be used in this paper for evaluations. Dataset1 has
higher average bandwidth than Dataset2, but it also has higher
variance. We use Dataset1 as traces for the first link while
Dataset2 as traces for the second link.

Algorithm Parameters: For the online version of the proposed
algorithm (No-Pref SmartStreaming and Pref SmartStreaming,
described in Sections IV-C and IV-B), we set our algorithm’s
parameters as follows. We choose W = 10 chunks, Bmin =
4 seconds, and Bmax = 2 minutes (60 chunks). We tried dif-
ferent buffer sizes, and the comparisons between different algo-
rithms were qualitatively the same. Moreover, we choose α =
2 seconds. We use the harmonic mean of the last 10 seconds
(β = 10 seconds) to predict the future bandwidth. In other
words, the predicted bandwidth for the entire window is set to
the value of the harmonic mean of the last 10 seconds (or less
in the start, when less data is available). Since there is no pre-
diction at the beginning, the first two chunks are fetched at the
0-th quality level where the first chunk is fetched over the first
link, and the second one is fetched over the second link. For
the link 1 preference case, we assume n2 = 1. Thus, link 2 is
only used to help pushing chunk’s qualities to the 1-st quality
level. The proposed online algorithms without and with link 1
preference (No-Pref SmartStreaming and Pref SmartStreaming)
are compared with the following baseline algorithms.

MP-DASH-BBA: The authors of [23] proposed Multi-path
Dash (MP-DASH) which is an Adaptive MPTCP Video Stream-
ing Over Preference-Aware multi-path that takes the chunk qual-
ity decision based on BBA algorithm [18]. We use the 30 and 90
seconds as the lower, and upper thresholds on the buffer length
for BBA algorithm. For the No-Pref scenario, we do not impose
any constraint on link 2 usage.

MP-DASH-Festive: The authors of [23] also considered a
Preference-Aware algorithm based on Festive algorithm [24].
We use the default setting of Festive algorithm as described in
[24] over the two links combined using multi-path TCP. More-
over, we do not impose any constraints on Link 2 for the No-Pref
scenario.

MSPlayer [7]: MSPlayer takes quality decisions of the next
two chunks based on the bandwidth prediction. Odd chunks
are fetched on the first link, while even chunks are fetched
on the second link. If the current bandwidth measurement of
the slow link is larger than (1 + δ) times the estimated value,
the chunk size is doubled. Similarly, if the current value is
less than (1 − δ) times the estimated value, the chunk size is
halved. The size of the chunk which is to be downloaded us-
ing the fast link is adjusted based on the throughput ratio.
We set δ to its default value (5%) [7]. We compare the pro-
posed algorithms with MSPlayer only in case of No-Pref since
there is no known MSPlayer version when one link is more
preferable.

off-SmartStreamer and off-Pref-SmartStreamer Algorithms:
These are the offline No-Pref SmartStreamer and off- Pref-
SmartStreamer as described in Sections IV-A and IV-B where a
genie-aided perfect bandwidth prediction is known for the en-
tire video duration. The offline algorithm’s results are generated
using simulation rather than the real implementation.

B. No-Pref SmartStreaming Algorithm

In this subsection, we will evaluate No-Pref SmartStream-
ing with a comparison to the baseline approaches described in
Section V-A. The results are shown in Fig. 2. The startup delay
is chosen to be 5 seconds. off-SmartStreaming represents the
offline fetching policy.

Fig. 2-a shows the probability mass function of the number of
chunks fetched at the different qualities (0=0-th quality level).
The average playback rate among all traces, and the total stall
duration among all bandwidth traces is displayed on the top of
Fig. 2-a. We first see that SmartStreamer significantly outper-
forms the baseline algorithms. For instance, about 50%, and 40%
of the chunks are fetched at the 4-th quality level in MP-DASH-
BBA, and MSPlayer respectively. In contrast, SmartStreaming
fetches about 85% of the chunks at the 4-th quality level. Fur-
ther, MSPlayer runs into longest stall duration (213 seconds,
3.5 minutes of stall duration). On the other hand, MP-DASH-
BBA and SmartStreamer achieve the shortest stall duration as
compared to the other algorithms (only 8 seconds of stall dura-
tion). Thus, SmartStreamer achieves the highest playback rate
and at the same time it maintains a stall duration that is as low as
the one achieved by the very conservative algorithm. Moreover,
SmartStreamer outperforms MP-DASH-Festive both in terms
of shorter stall duration and achieving higher average playback
rate. SmartStreamer, incorporates bandwidth prediction and the
deadlines of the chunks into its optimization based decisions,
prioritizes the later chunks, and re-considers the decisions ev-
ery 2 seconds. These properties help SmartStreamer be adaptive
to different bandwidth regimes and variations in the bandwidth
profiles.

Fig. 2-b shows the CDF of the average playback rate per band-
width trace. We note that SmartStreamer achieves the highest av-
erage playback rate in every single bandwidth trace as compared
to the other baseline algorithms. Fig. 2-c shows the distribution
of the quality switching rates (QSR), which is defined as:

1
M

C∑

i=2

|E{X(i)} − EX{(i− 1)}|

whereC is number of chunks andE{X(i)} is the expected play-
back rate of i-th chunk, so if the i-th chunk is fetched at n-th
quality level, E{X(i)} will be equal to the nominal cumulative
rate of the n-th quality level. Intuitively, QSR quantifies the fre-
quency of the quality change across the chunks and should be
low for better quality of experience (QoE). MSPlayer performs
poorly in terms of switching rate as compared to the other algo-
rithms since it does not consider the buffer length and doubles
or halves the quality based on the predicted bandwidth. We ob-
serve that SmartStreamer has slightly higher quality switching
rate as compared to MP-DASH-Festive and MP-DASH-BBA.
However, our objective as described in Section IV gives higher



Fig. 2. Streaming without link preference: (a) Quality Level distribution, (b) CDF of Average Playback Rate, and (c) CDF of Quality switching rate.

Fig. 3. Streaming with Link Preference: (a) Quality Level distribution, (b) CDF of link 2 usage, and (c) CDF of Quality switching rate.

priority to avoid stalls and to increase quality. Therefore, achiev-
ing a less stall duration as compared to MP-DASH-Festive and a
higher playback average as compared to MP-DASH-BBA come
at the cost of higher quality switching rate.

Finally, we compare the online SmartStreamer with the offline
version of it. We note from Fig. 2 that although SmartStreamer
uses prediction window of only 10 chunks (short window), and
harmonic mean of the last β = 10 seconds for predicting future
bandwidth, it achieves a fetching policy that is very close to
the one achieved by the offline algorithm (perfect prediction for
entire video duration) with slightly higher quality switching rate
and a drop of the quality of a few chunks. The slight increase
in the quality switching rate for online schemes is a result of
the short prediction and the prediction error. Prioritizing later
chunks, re-considering the decisions every 2 seconds, and ad-
justing to prediction error, all help reducing the gap between the
online and the offline algorithm.

C. Pref SmartStreaming

In this subsection, we will evaluate the proposed algorithms,
Pref SmartStreamer, and compare it to the link preference based

baseline approaches. The results are shown in Fig. 3. The startup
delay is chosen to be 5 seconds. The algorithms off-Pref Smart-
Streamer represents the fetching policy when the bandwidth pro-
files are known non-causally.

Fig. 3-a shows the probability mass function of the number
of chunks fetched at the different qualities. We see that Pref
SmartStreamer achieves about 20%higher average playback rate
than MP-DASH-Festive with shorter stall duration, and about
5% higher average playback rate than MP-DASH-BBA with the
same stall duration.

However, when one of the link is preferred, not only is
the average playback rate is important, but also is how much
of the bandwidth of the less preferable link is used. Thus,
in Fig. 3-b, we plot the CDF of the less preferable link us-
age (link 2, L2Usage). We see that Pref SmartStreamer uses
much lower amount of link 2 bandwidth as compared to MP-
DASH-BBA and MP-DASH-Festive. In about 80% of the
bandwidth traces, Pref SmartStreamer used link 2 to fetch only
one chunk, and that chunk is necessary at the beginning to predict
the available bandwidth of link 2 (the offline algorithms did not
use link 1 for 80% of the traces). However, both MPTCP-BBA
and MPTCP-Festive used link 2 to fetch more than 1Mb/chunk



for 50% of the bandwidth traces. Thus, the proposed algorithms
give comparable or better average qualities than the baselines
with significantly lower utilization of link 2.

VI. CONCLUSION AND FUTURE WORK

This paper provides a Preference-Aware adaptive stream-
ing algorithm over MPTCP. The problem of optimizing the
user’s quality of experience (QoE) subject to the available
bandwidth, chunks deadlines and link preferences is formu-
lated as a non-convex discrete optimization problem. A low-
complexity algorithm is provided for the problem, and some
guarantees for the proposed algorithm are provided. Further, an
online algorithm is proposed where several challenges includ-
ing bandwidth prediction errors are addressed. Extensive emu-
lations with real traces of public dataset reveal the robustness
of our schemes and demonstrate their significant performance
improvement compared to other state-of-the-art multi-path
algorithms.

We note that this work assumed use of MPTCP, while the
approach could be extended when MPTCP is not a possible
approach [29].
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