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Abstract—Video services are proliferating over today’s mobile
Internet and efforts have been made to improve their performance. The cross-layer video streaming that jointly optimizes
the parameters at different protocol layers is a feasible solution
but without bandwidth aggregation of multiple wireless networks.
The cross-network video streaming can realize the bandwidth
aggregation by using multiple overlapping wireless networks
simultaneously. However, parameters at different protocol layers
are optimized independently in the cross-network optimization.
In this paper, we propose a joint cross-network and cross-layer
optimized video streaming scheme that utilizes the bandwidth aggregation of cross-network video streaming and further improve
the performance by jointly optimizing the parameters of different
protocol layers in each network with a cross-layer manner. In the
proposed scheme, the LTE and WCDMA networks are adopted.
The bit-rate of the video at application layer, the rate allocation
among networks and the parameters of physical layers in each
network are jointly optimized. Experimental results show that
the proposed scheme gains higher quality of experience in terms
of PSNR than the state-of-the-art schemes.
Keywords—video streaming; cross-network optimization; crosslayer optimization; LTE; WCDMA

I.

I NTRODUCTION

Video streaming over mobile Internet has become exceedingly popular over the past few years. YouTube and Netflix,
as two major video content providers, both predict that their
respective mobile video traffic will grow explosively within
the next few years [1]. Meanwhile, the resolution of video
content is rapidly increasing along with the evolution of
advanced image capturing technology. For example, videos
with high-definition (HD) or even higher spatial resolution
are widespread over the Internet. However, due to the bandwidth limitations or the unpredictable and unreliable nature of
wireless networks, streaming HD video over wireless network
nowadays still poses a big challenge.
In particular, nowadays streaming HD video to a mobile
user still encounters the following issues [2]. First, mobile
users sometimes suffer from insufficient bandwidth, which
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will result in a long start-up delay, frequent re-buffering and
declining playback quality. In addition, as the channel of
mobile network is highly time-variant, video streaming without
rate adaption will further degrade the performance. Therefore,
to efficiently transfer a HD video in wireless network, it
is necessary to establish a steady connection with sufficient
bandwidth between the client and the video content provider
and make the content bit-rate match with the connection.
To achieve the above goals and ensure the user experience
of HD video streaming service, researchers have proposed
some video streaming optimization techniques in recent years.
The common one is that video content is partitioned into
segments and each segment is independently encoded at different bit-rates to enable the adaptive video streaming [3].
In addition, some cross-layer approaches that jointly optimize
the parameters at different protocol layers were adopted for
video streaming [4-8]. However, the performance of HD video
streaming over one wireless network is still hindered by
its limited bandwidth, which is generally the bottleneck of
transmission.
Today, mobile devices are gradually equipped with multiple wireless interfaces connected with different overlapping
networks (Wi-Fi or cellular 3G/4G) [2]. And also, the next
generation wireless network will be heterogeneous, for instance, LTE cellular network is becoming prevalent while the
legacy networks such as WCDMA are still widely used [9].
Since WCDMA and LTE are operating in different frequency
ranges, mobile devices with two long-range wireless radio
interfaces can potentially access to them simultaneously [9,
20]. In the future wireless networks, this multiple radio access
technology (multi-RAT) can be realized and is a viable solution
to fulfill the explosive growth of mobile traffic. Therefore, a
potential solution to the problem of insufficient bandwidth is
the cross-network video transmission that delivers the video
data over different wireless networks simultaneously for bandwidth aggregation. There have been a lot of researches [10-14]
that attempted to address this cross-network video streaming
problem, but most of them focus on how to efficiently utilize
multiple wireless networks at the application layer, and the parameters at other protocol layers that can be jointly coordinated
for optimization in each network are usually neglected.
To fully take advantage of the cross-network and the cross-

layer (CNCL) optimized video streaming, a mobile video
streaming scenario is considered in this paper that a multihomed client can request the HD video segments through
LTE and WCDMA access networks simultaneously in a crossnetwork way. In the application layer, the video rate and
the rate allocation among the corresponding networks are
selected to minimize the expected video distortion. In addition,
the parameters in the physical layer such as modulation and
channel coding scheme (MCS) in LTE and spreading factor
(SF) in WCDMA are tuned to optimize the cross-network
HD video streaming with a cross-layer manner. Our main
contributions can be summarized as follows:
• Firstly, a cross-network video streaming optimization
scheme that jointly exploits the LTE and WCDMA downlink is proposed to provide the function of bandwidth
aggregation. The optimal bit-rates and the rate allocation
for each connected network are adaptively determined for
each streaming segment to cooperate the demand of the
video stream with the dynamic wireless channels.
• Secondly, to jointly optimize the bit-rate selection of
the video at the application layer and the parameter
configurations at the physical layer in each connected
network, a cross-layer optimization scheme that utilizes
the MCS mode in LTE downlink and the SF in WCDMA
downlink is proposed to combine with the cross-network
optimization scheme to minimize the expected end-to-end
video distortion.
The rest of the paper is organized as follows. Section II
presents the related work. The proposed joint CNCL video
streaming system model are presented in Section III. The joint
CNCL optimization problem formulation as wel as the solution
are described in Section IV. In Section V, the experimental
results are presented. Finally, Section VI concludes this paper.
II.

R ELATED WORK

The related work to this paper can be generally classified
into two categories: cross-layer optimized video streaming and
cross-network optimized video streaming.
Cross-layer optimized video streaming is a commonly
discussed topic in recent years. Specifically, the parameters at
different protocol layers are jointly considered to optimize the
video streaming. With respect to CDMA network, Chen et al.
[4] proposed a cross-layer optimization scheme called trafficadaptive scheme for multimedia transport over multi-code
CDMA networks. The rate-adaptive scheme could significantly
reduce the frame loss ratio, increase the system throughput and
optimize the packet delivery delay of the system. The authors
in [5] proposed a cross-layer scheme that jointly optimizes
the outer loop SINR-target and variable spreading factor at
the physical layer to minimize the packet error rate in the
CMDA network. With regard to LTE network, Zhao et al. [6]
proposed a SSIM-based cross-layer optimized video streaming
over LTE downlink. The modulation and coding scheme at
the physical layer of the LTE downlink is selected by jointly
considering the characteristics of the video packet. In [7], a
distortion-fair cross-layer resource allocation scheme was proposed to optimize the scalable video transmission in OFDMA
wireless networks. The authors in [8] designed a cross-layer
optimization framework for efficient video streaming over LTE

networks using scalable video coding (SVC) and concluded
that approximately thirteen percent video quality gains were
observed for the users at the cell edge.
Besides the cross-layer related video streaming techniques,
there have been a range of cross-network optimization schemes
for wireless video streaming. Among them, Markov Decision
Process (MDP) was commonly used to model the process of
cross-network video streaming. Lee et al. [10] proposed a
MDP based solution to the cost minimization for video-ondemand services in a heterogeneous wireless networks with
multi-homed terminals. The solution included the parameter
estimation, threshold adjustment, and threshold compensation.
Xing et al. [11] proposed a real-time adaptive algorithm for
video streaming over multiple access networks. The optimal
video streaming process was also formulated as a MDP and
a reward function was designed to take the QoS requirement
into account. Using the streaming control transmission protocol
(SCTP) at the transport layer, the authors in [12] proposed a
distortion-aware concurrent multipath transfer scheme for mobile video streaming to minimize the end-to-end video distortion over heterogeneous wireless networks. At the application
layer, Song et al. [13] proposed a probabilistic multipath video
streaming scheme, which sent video traffic bursts over multiple
available channels according to a probability generation function of packet delay. However, the parameter configurations
at the physical layer are not addressed in the above two
schemes. With respect to rate allocation in cross-network video
streaming, Zhu et al. [14] studied the distributed rate allocation
policies for multi-homed video streaming over heterogeneous
access networks and showed that media-aware rate allocation
outperformed the heuristic AIMD-based schemes in terms of
perceived video quality.
Though the aforementioned video streaming schemes can
achieve some performance improvements, most of them either
stress mainly on cross-network or cross-layer independently,
which lead to sub-optimal performance. To fully utilize the
advantages of both schemes, we focus on a joint cross-network
and cross-layer video streaming optimization scheme, which
dynamically allocates appropriate video bit-rates to the LTE
network and WCDMA network simultaneously, with jointly
optimizing the MCS of LTE network and the SF of WCDMA
network to make the video traffic at the application layer
efficiently adapt to the time-varying channel state at the
physical layer.
III.

J OINT CNCL

VIDEO STREAMING SYSTEM MODEL

A. Overview of the proposed scheme
Fig. 1 shows the proposed joint CNCL video streaming
optimization system. The system consists of a joint CNCL
optimization controller which resides in the client, two different kinds of base stations (nodeB and eNodeB) that allocate
the corresponding physical layer parameters to the client and
a video content server that contains multiple copies of video
segments with various bit-rates. Assume that there is a bitrate set R = {r1 , r2 , · · · , rn } of copies of video segments
available for the client, where n ≥ 2. A multi-homed client
embedded with the CNCL optimization controller is expected
to minimize the end-to-end video distortion for each ongoing
segment. To achieve this, while the multi-homed client requests

for a new segment, the MCS of LTE downlink and the SF of
CDMA downlink at the physical layer and the video bit-rate
at the application layer are jointly adjusted by the controller as
shown in Fig. 1. Meanwhile, the optimal rate allocation is also
properly selected to split the video traffic among the connected
network.
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B. Video distortion model
In the proposed scheme, a commonly recognized distortion
model [15] is utilized to characterize the end-to-end video
quality. In the model, the expected end-to-end video distortion
at the client consists of the source encoding-induced distortion
and the transmission loss-introduced distortion. The former is
mostly determined by the distortion-rate (DR) characteristic of
encoded video segment. It decays with increasing encoding bitrate r. The decay is rather steep in the low bit-rate range, but
becomes quite low at high bit-rate [12]. The distortion caused
by packet loss due to transmission errors or late arrivals is
sensitive to the average packet loss probability ρ of all the
communication networks. Thus, we can explicitly formulate
the expected end-to-end video distortion E{dc } in terms of
Mean Square Error (MSE) as
α
r−r0

+ κρ

j=1
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where Nsb is the number of the subcarrier, γj is the SINR at
the j th subcarrier, and κ(m) is the calibration factor for the
MCS mode m. The functions of J(·) and J −1 (·) are defined
as eq. (3) and (4).
Based on the MIESM γmief f (m), the block error rate
(BLER) BLER(γmief f (m)) for the resource block (RB) with
MCS mode m can be accurately formulated as
γmief f (m)−b(m)
√
)
2·c(m)

(5)

where erf c(·) is the complementary error function, b(m)
and c(m) are the “transition center” and “transition width”
respectively. The values of b(m) and c(m) under different m
are shown in Table I, which can be obtained by fitting (5) to
the exact BLER in a specific communication system.
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where d0 is the source distortion offset, α is the rate-distortion
factor, r0 is the rate factor and κ is the sensitivity factor that
reflects the impact of packet loss. All the parameters depend
on the encoding structure and the video content, and can be
estimated from three or more off-line trial encodings using
non-linear regression techniques [12, 15]. They are stored in
the server-side and delivered to the controller for optimization
during the streaming system set-up.
C. The adjustable physical layer parameters of LTE downlink
and WCDMA downlink
1) The capacity and the packet loss probability of LTE
downlink with respect to MCS: Since part of the video
segment is allocated to the LTE downlink, the capacity and
the packet loss probability in LTE downlink will directly affect
the performance of CNCL-optimized video streaming system.
In order to estimate the packet loss rate for the transmitted
video packets, the mutual information effective SINR mapping
(MIESM) is exploited to measure the LTE downlink quality
in this paper. Assume that there is a set M = {1, 2, · · · , m}
of MCS modes available for transmitting the video packets.
For the candidate MCS mode m, the effective SINR mapping
γmief f (m) based on the mutual information is computed as
[16].

In LTE downlink video streaming, one video slice might
be carried by several RBs at the physical layer. Therefore, the
video packet loss probability ρl (m) of a slice is related to the
BLERs for all the RBs that the video slice contains as
RB
num
Y
ρl (m) = 1 −
(1 − BLERi (γmief f (m)))
(6)
i

where RBnum is the RB number that video slice occupies and
BLERi (γmief f (m)) is the BLER for the ith RB in the video
packet corresponding to the slice.
For LTE system the obtainable bit-rate per symbol rate
depends on the SINR. In order to estimate the capacity µl (m)
of LTE, the so-called MCS mode index ranging from 1 to 15
is used. By apply the MCS mode in Table I, we get µl (m) as
the following [19]:
µl (m) = B · r(m)

(7)

where B denotes the bandwidth of the channel and is 1.4MHz
in this paper, and r(m) is the efficient bit-rate per symbol for
MCS mode index m (as given by Table I).
2) The capacity and the packet loss probability of WCDMA
downlink with respect to SF configuration: WCDMA is a wellknown radio communication technique that allows multiple
users to share the same wireless spectrum simultaneously. To
satisfy different QoS requirements, the WCDMA system has to
provide variable data rates. Such flexibility can be achieved by
using the orthogonal variable spreading factor (OVSF) codes as
the channelization codes [17]. To estimate the packet loss rate
for the transmitted video packet, an amended SINR mapping
is used to measure the WCDMA downlink channel quality.
Assume that the multiple access interference at the receiver
obeys the Gaussian distribution [5]. The SINR at the receiver
is given by
−1
N0
(8)
γ(f ) = { k−1
3f + 2Eb Ω }
where f is the spreading factor and typically in WCDMA
standard f ∈ SF = {4, 8, 16, 32, 64, 128, 256, 512}, Eb /N0
denotes the energy per bit to noise power spectral density ratio,
Ω indicates the path strength and k is the number of users in
a given base station. Based on the SINR γ(f ), the bit error
rate (BER) with QPSK modulation can be calculated as
p
BER = Q( γ(f ))
(9)

−0.04210610x3 + 0.209252x2 − 0.00640081x, 0 < x < 1.6363
1 − exp(0.00181491x3 − 0.142675x2 − 0.08220540x + 0.0548608), x ≥ 1.6363

√
1.09542y 2 + 0.214217y + 2.33727 y, 0 < y < 0.3646
J −1 (y) ≈
−0.706692log(−0.386013(y − 1)) + 1.75017y, 0.3646 ≤ y ≤ 1

J(x) ≈

TABLE I.
MCS
mode(m)
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15



T HE CANDIDATE LTE

Modulation
order
QPSK
QPSK
QPSK
QPSK
QPSK
QPSK
16QAM
16QAM
16QAM
64QAM
64QAM
64QAM
64QAM
64QAM
64QAM

Rate(bits
/symbol r(m))
0.1523
0.2344
0.3770
0.6010
0.8770
1.1758
1.4766
1.9141
2.4063
2.7305
3.3223
3.9023
4.5234
5.1152
5.5547

DOWNLINK

MCS MODES

κ(m)

b(m)

c(m)

3.07
4.41
0.60
1.16
1.06
1.06
0.87
1.01
1.04
1.03
1.11
1.01
1.07
1.00
1.05

-7.758
-5.724
-3.652
-1.593
0.3501
2.348
4.297
6.214
8.242
10.13
12.06
13.89
15.72
17.50
19.59

0.6003
0.5182
0.4032
0.3588
0.2910
0.2563
0.2563
0.2293
0.2253
0.2248
0.2028
0.1962
0.1958
0.2134
0.2592

min

s.t.

Considering that BER is expected to be very small, the packet
loss probability can be approximated by
(BER)l+1 L!
=
(l + 1)!(L − l − 1)!

!
L
(BER)l+1
l+1

(11)

The Shannon capacity is used to estimate the capacity allocated
to the client by WCDMA network. Based on the measured
SINR, the available capacity can be obtained as
µw (f ) =

w
f

log(1 + γ(f ))

(12)

where w is the available chip rate that equals to 3.84 Mchip/s
in WCDMA standard. It can be observed that the capacity
and the packet loss probability of the WCDMA downlink are
related to the selected spreading factor f . In the paper, a 4subscribers, AWGN CDMA downlink channel with different
spreading code configurations is adopted.
IV.

(4)

without causing the rebuffering events. The decision variables
include the requested segment rate r, the sub-rate rl and rw
allocated to the LTE and WCDMA downlink respectively, the
MCS mode m and the spread factor f at the physical layer.
We are now ready to formulate the joint CNCL optimization
problem for expected video distortion minimization in the
following way:

R∞
2
where Q(x) = √12π x e−u /2 du is the complementary cumulative distribution function. Assume that block codes with
l-bits error correction capability are utilized in this work. The
instantaneous packet loss probability ρw (f ) of the video packet
with length L that is allocated to WCDMA downlink can be
written as
l  
X
L
i
BERi (1 − BER)
(10)
ρw (f ) = 1 −
i
i=0

ρw (f ) ≈

(3)

J OINT CNCL OPTIMIZATION PROBLEM FORMULATION
AND SOLUTION

A. Problem formulation
While requesting a new video segment, the multi-homed
client first collects the physical layer information and estimates
available capacity and packet loss probability of corresponding
networks. Based on the effective bandwidth estimation and
the feedbacks from different layers, the controller attempts
to minimize the expected video distortion for each segment

{r,rl ,rw ,m,f }

E{dc (r, rl , rw , m, f )}

r = rl + rw
ρ = (ρl (m) · rl + ρw (f ) · rw )/r
m∈M
f ∈ SF
r∈R
l
, µwrw(f ) ) < Tmax
max( µlr(m)

(13)

Note that the requested segment is logically separated
into two subsegments, which can be implemented by HTTP’s
range retrieval requests [2]. One of the video subsegments is
delivered by the LTE network while the remaining subsegment
is carried by the WCDMA network. Thus, the requested
segment rate r is the summation of two sub-segment rate
rl and rw . To estimate the overall packet loss probability
ρ of the ongoing segment, it can be statistically measured
by the second constraint of (13) for simplicity. To avoid the
rebuffering events that strongly impair the user’s experience,
the current requesting segment has to arrive at the client before
the playback buffer goes empty. Let Tmax be the total play time
of the downloaded yet unviewed segment remained in buffer.
The value of Tmax can be obtained by periodical feedbacks
from the client to the optimization controller. In the joint
CNCL video streaming, rebuffering events occurs if one of the
sub-segments cannot arrive at the client before the playback
buffer runs out. In other words, the rebuffering events will
l
, µwrw(f ) ) < Tmax , which is the last
not emerge if max( µlr(m)
constraint in (13).
B. The proposed solution
An enumerating method or exhaustive search method can
be used to solve problem (13), which requires a considerable
computational complexity and is unacceptable. To solve the
joint CNCL optimization problem efficiently, we construct
a heuristic algorithm to find the optimal decision variables
∗
(r∗ , rl∗ , rw
, m∗ , f ∗ ) to minimize the expected distortion of
∗
, m∗ , f ∗ )} ≥
the requested segment. That is E{dc (r∗ , rl∗ , rw
E{dc (r, rl , rw , m, f )}, ∀(r, rl , rw , m, f ) subject to the constraints defined in (13).
Since the video distortion decreases with increasing bitrate
r and decreasing packet loss probability ρ, In the proposed
solution, the client aggressively requests the new segment

TABLE II.

Algorithm 1: The heuristic joint CNCL optimization algo-

EXPERIMENTAL PARAMETERS

Coding profile
Frame rate
Error concealment
Coding structure
Candidate MCS mode
Candidate SF
Video resolution
Average SINR
Segment durations

rithm
Input: R, M, SF , Tmax , γ
∗
Output: r∗ , rl∗ , rw
, m∗ , f ∗
Initialization: Re ← R
while Re 6= ∅ do
r∗ = arg max r
r∈Re

while M 6= ∅, SF 6= ∅ do
m∗ = arg min m

Baseline
25fps
Temporal replacement
IPPP
Table I
8-256(2k )
720P
(2,4,9,14,20)dB
2 seconds

m∈M

f ∗ = arg max f

LTE downlink and the WCDMA downlink are simulated
by matlab based on [5] and [18], respectively. The specific
experimental parameters are shown in Table II. To evaluate
the performance of the proposed CNCL optimization scheme,
the state-of-the-art schemes including the cross-network (CN)
without cross-layer(CL) [12] and and the cross-layer (CL)
without CN (without adaptive rate allocation) [6] are used
as the baseline schemes. These three schemes are tested at
different channel states (standard normal distribution with
average SINR at 2dB, 4dB, 9dB, 14dB, 20dB).

estimate
ρw (f ∗ ), µl (m∗ ) and µw (f ∗ )
according to γ ∗
(m )
∗
rl∗ = µl (mµ∗l)+µ
∗ · r
w (f )
µw (f ∗ )
· r∗
µl (m∗ )+µw (f ∗ )
∗
rl∗
rw
max( µl (m∗ ) , µw (f ∗ ) ) < Tmax
∗
return (r∗ , rl∗ , rw
, m∗ , f ∗ )

∗
rw
=

if

then

end
M ← M \ m∗
SF ← SF \ f ∗
end
Re ← R e \ r ∗
end

with the highest bitrate values in the candidate set Re and
meanwhile avoids packet loss events.That is r∗ = arg max r.
r∈Re

After selecting the optimal bitrate r∗ at the application layer,
the algorithm will determine the MCS mode and the spreading
factor for the corresponding networks at the physical layer. Intuitively, the MCS mode with small constellation and powerful
channel code, the spreading factor with large value maintain
reliability at poor channel condition. Therefore, the MCS mode
with the smallest constellation and channel code, and the
spreading factor with the largest value are selected, which are
m∗ = arg min m and f ∗ = arg max f in Algorithm 1. Based
m∈M

f ∈SF

on the optimal decision variables m∗ and f ∗ , the achievable
bandwidth µl (m∗ ) and µw (f ∗ ) are estimated.
The rate allocation that determines the size of the subsegment transported by each network is based on its achievable throughput under a specific MCS mode
or spread
(m∗ )
∗
and
factor. That is performed by rl∗ = µl (mµ∗l)+µ
∗ · r
w (f )
∗

(f )
∗
∗
rw
= µl (mµ∗w)+µ
∗ · r . Then the optimal decision variables
w (f )
∗ ∗ ∗
∗
∗
(r , rl , rw , m , f ) are obtained so far. However, such a
decision variable set might lead to rebuffering event and every
subsegment has to arrive at the client
before
the received
∗
rw
rl∗
,
)
< Tmax , the
buffer runs out. Note that if max( µl (m
∗ ) µ (f ∗ )
w
rebuffering event will not occur and the decision variables
are verified and returned. Otherwise, given the selected MCS
mode and spreading factor, the achievable bandwidth cannot
satisfy the quality level of video segment with bitrate of r∗ .
As a result, the MCS mode with larger constellation size and
more powerful channel code, the smaller spreading factor are
selected. The summary of the proposed heuristic algorithm is
shown in Algorithm 1.

V.

E XPERIMENTAL RESULTS

Based on the H.264/AVC reference software JM16.1, we
implement the CNCL-optimized video streaming scheme. The

Firstly, whether the proposed scheme can correctly obtain the anticipated results is investigated. Fig. 2 shows the
optimal rate allocation for the LTE and WCDMA network
for 100 segments under the channel condition of average
SINR γ = 4dB for video sequence Shield. From Fig. 2,
it can be seen that the optimal rate allocation including rl∗
∗
and rw
is dynamically tuned to minimize the expected endto-end distortion for each ongoing video segment. Therefore,
it illustrates that the proposed scheme effectively adjusts the
MCS, SF at the physical layer and bit-rates of the video with
a cross-layer manner and adaptively allocates the bit-rates
of the video among networks for cross-network bandwidth
aggregation.
*
w
*
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r
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Fig. 2. The optimal bit-rate allocation curves with increasing segment number
for the video sequence of Shield with the condition of γ = 4dB.

To evaluate the performance of the proposed scheme, the
PSNR values for 200 frames of the video sequences Shield
and P arkrun of 720P at the condition of γ = 4dB are shown
in Fig. 3. From Fig. 3, it can be observed that the proposed
scheme can achieve higher instantaneous PSNR values than
the other two baseline schemes for most of segments. The
average PSNR of Shield achieved by the proposed scheme is
1.5dB and 2.7dB higher than the two baseline schemes. For
the sequence of P arkrun, the average PSNR improvement is
2.3dB and 3.5dB, respectively.
Fig. 4 shows the average PSNR curves of the video sequences Shield (720P) and P arkrun (720P) at different chan-

nel conditions. It can be observed from Fig. 4 that the proposed
CNCL optimization scheme can achieve higher PSNR values
than the other two baseline schemes. On average, the proposed
scheme is about 1.74dB and 2.82dB higher than the baseline
schemes respectively for the sequence P arkrun. For the video
sequence of Shield, the improvement is approximately 1.24dB
and 2.28dB respectively. Furthermore, the performances of
average PSNR versus SINR show some differences when SINR
falls in different regions. When SINR is with small value, the
proposed scheme has a higher improvement in terms of average
PSNR than the condition of average SINR with high values.
For example, for the sequence of Shield at the condition
of γ = 2dB, the average PSNR achieved by the proposed
scheme is approximately 2dB and 3.9dB higher than the other
two baseline schemes respectively. While at the condition
of γ = 20dB, the improvement is just about 0.5dB and
0.8dB, respectively. This is because the proposed scheme can
adaptively select the bit-rates of the video, adaptively allocate
the video traffic to the LTE network and WCDMA network to
utilize their aggregated bandwidth and adjust the parameters
of MCS and SF at the physical layers to meet the demand of
the video stream and adapt to the fluctuated wireless channels.
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Fig. 3. PSNR curves with increasing frame numbers for the sequence (a)
Shield (720P) and (b) P arkrun (720P) at the condition of γ = 4dB.
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Fig. 4. The average PSNR values of the proposed and the baseline schemes
for the sequences (a) Shield (720P) and (b) P arkrun (720P) at different
channel conditions.

VI.

C ONCLUSION

In this paper, a CNCL optimization scheme is proposed
to improve the performance of mobile video streaming. Two wireless access networks, LTE and WCDMA, are used
to achieve the bandwidth aggregation of the cross-network
scheme. Meanwhile, the cross-layer scheme is combined with
the cross-network scheme by optimizing the corresponding
parameters (MCS mode and SF) at the physical layer of each
network, the bit-rate of the video and the rate allocation at the
application layer. Experimental results show that the proposed
scheme achieves better streaming performance by improving
the average PSNR about 1.49dB and 2.55dB higher than the
CL without CN scheme and the CN without CL scheme,
respectively.
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