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ABSTRACT: In the last few years, it has become feasible to provide high-quality digital video over different channel
qualities. This paper presents an efficient adaptive layer switching algorithm for scalable video transmission over link
adaptive networks. This algorithm is effective at the receiver end of the video transmission for adapting the video
bitrate to match the achievable network throughput. A very important aspect of this algorithm is providing a QoS
confine equivalent bandwidth estimator employed at the receiver, which is used for triggering the adjustment of video
layers at the video source. The average Peak Signal-to-Noise ratio (PSNR) and Frame Dropping Ratio (FDR) are used
for characterizing the performance of the proposed method. Simulations are conducted on MATLAB to illustrate its
efficiency by showing that it is capable of accommodating different channel qualities without their prior knowledge.
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I. INTRODUCTION

As wireless networks evolved and advances in video compression, the video transmission has become a very
important appearance for mobile devices. In wireless networks catering to a mix of high speed real-time traffic such as
voice, multimedia teleconferencing, online gaming etc. poses a big challenge. In time varying network conditions the
video bit rate adaptation is a fundamental functionality. In order to achieve a successful and profitable commercial
market for future wireless technology, network service designers and providers need to pay much attention to efficient
utilization of radio resources due to fast growth of the wireless subscriber population, increasing demand for new
mobile multimedia services and consequent diverse and more stringent QoS requirements.

Scalable Video Coding (SVC) [1] provides functionalities such as graceful degradation in lossy transmission
environments as well as bit rate, format, and power adaptation. These functionalities provide enhancements to
transmission and storage applications. The cross-layer design [2] concentrated on cross-layer optimization for
transmitting scalable video streams from a base station (BS) to mobile clients by jointly considering both application
layer information and the wireless channel conditions. The scalable transport scheme [3] makes use of fine-granular-
scalability (FGS) encoded videos to accommodate high bandwidth variation of wireless networks. The dynamic games
approach [4] considers the scheduling, rate adaptation, and buffer management in a multiuser wireless local-area
network (WLAN) where each user transmits scalable video payload. Based on opportunistic scheduling, users access
the available medium (channel) in a decentralized manner. The cross-layer packet scheduling scheme [5] that streams
pre-encoded video over wireless downlink packet access networks to multiple users is presented. The scheme can be
used with the emerging wireless standards such as HSDPA and IEEE 802.16. Another challenge in applying cross-layer
optimization to video transmission is that appropriate modification of the protocols is necessary, which is bound to
increase the network’s complexity and a cost required for upgrading the communication devices.

In order to guarantee the video quality on an end-to-end basis, feedback-based rate control is necessary for video
streaming services. An end-to-end application-layer rate-control mechanism [6] was proposed based on the receiver’s
buffer-starvation probabilities analyzed using a discrete-time Markov chain. The work in [7] discussed the client
intelligence required for adaptive video streaming based on progressive download over HTTP, like in HTTP Live
streaming [8] and in 3GPP adaptive HTTP streaming [9]. In this project work, we conceive a receiver-driven adaptive
layer-switching scheme [10] for optimizing scalable video transmissions in the context of a state-of-the-art network
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architecture and protocols. Adaptive Modulation and Coding (AMC) [11] as well as Hybrid Automatic Request
(HARQ) are widely used for link adaptation in wireless communications, while ARQ based error control may be
applied for wired networks at the link layer. The employment of these link adaptation schemes results in a fluctuating
throughput for each video streaming session, which requires dynamic layer control for scalable video transmission. In
order to achieve this, we rely on instantaneous throughput measurements for formulating an estimation model for a
QoS-constrained end-to-end equivalent bandwidth, which is applied to instruct the video source to appropriately
configure the video layers for transmission. The initial bus voltage and branch current values are calculated for efficient
adaptive layer switching. This paper is organized as follows. Section Il describes the system model. The layer-
switching strategy based on equivalent throughput estimation is derived in Section IlI, while Section IV characterizes
the performance of our scheme. Finally, our conclusions are summarized in Section V.

Il. SYSTEM MODEL

Consider the wireless streaming system depicted in Figure 1, which consists of a streaming server, the Internet, base
transceiver station (BTS), the wireless channel as well as the mobile station (MS). A multimedia streaming service
requires not only maintaining the wireless connection between the MS and BTS, but also access to the Internet.

In cellular communication systems [11], the quality of a signal received by a UE depends on number of factors—the
distance between the desired and interfering base stations, path loss exponent, log-normal shadowing, short term
Rayleigh fading and noise. In order to improve system capacity, peak data rate and coverage reliability, the signal
transmitted to and by a particular user is modified to account for the signal quality variation through a process
commonly referred to as link adaptation.

!

Streaming Server

:
Video Stream

Fig.1 System architecture [12]
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Consider a scalable video stream that consists of a base layer, I;, and (n-1) enhancement layers, {l,, Is,..., I.}.
Assume that the available rates of the input video are {Ry, Ry,..., Rn}.

At the receiver, the transmission rate associated with each video frame is measured and recorded, which is referred to
as the instantaneous network throughput available to the user. Let Ii denote the instantaneous throughput experienced,
when conveying the ith video frame. Since the network resources are shared by a time-varying number of users, the
dynamic resource scheduling scheme employed by the BTS may result in a burst-by-burst adaptive affordable user-
throughput. Additionally, sophisticated link adaptation mechanisms based on AMC/HARQ/ARQ are widely applied,
which lead to a burst-by-burst adaptive channel throughput. Hence, assume the network throughput sequence I to be

independent and identically distributed (i.i.d.) without loss of generality, let 1, I2,...,I'm denote the most recent m
measurements. In proposed project work aim is to finding a QoS-constrained equivalent throughput C, which satisfies
the probability constraint:

PF<C)<e 1)

where ¢ is a desired probability threshold. If the equivalent throughput value C is taken as the video source bitrate in
context of video rate control problem, P(#¥ < C) can be used as a quantitative indicator of how much the video bitrate
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exceeds the channel bitrate. Naturally, having a smaller € implies a lower risk of the video source rate exceeding the
affordable channel rate.

A. Equivalent Throughput Estimation

Below, we will apply the Hoeffding Theorem [13] for estimating the equivalent throughput C of the throughput
sequence r;. Since r; is i.i.d, we can estimate a; and b; as:

— min — max
& = 1<jsm T b; = 1<jsm'J 2
Where a; and b; are minimum and maximum values of r;.
Let mean u=E[Sy]/m. where E[-] denotes expectation operator.
The desired probability threshold ¢ is calculated as
£ = Ze—mthIZ?zl(bi—ai)Z ®)

According to (3), t should satisfy:

_1 111(%) > (bi—a;)?

(4)
m 2
Where t > 0 for a; and b;, the equivalent throughput C can be estimated as follows:
2
A 1 ln(;) ﬁl(bi—ai)z
C=p- ;\j — (5)

I11. ADAPTIVE LAYER SWITCHING ALGORITHM
Since the equivalent throughput C satisfies (1), a video can maintain QoS of &, provided that the video bitrate does
not exceed C. Therefore, C can be used as a threshold to trigger layer switching for the video transmission. In order to
avoid substantial and hence objectionable video quality variations, constrain the number of layers | to simply increase
or decrease by one, say from the previous level Ik to I e{lk+1, Ik, Ik -1}.
Let us assume that the current video layer is k . Then, the adaptive layer switching algorithm operates in the context
of three scenarios as follows:

1) k>1and C <R,: Since C is the estimated equivalent throughput, the current video source bitrate R
cannot ensure the QoS-guarantee of ¢ for the transmission of the k-layer video. Hence, in order to satisfy the
channel bitrate constraint, the number of video layers may reduce according to k := k-1, i.e., discard one of
the enhancement layers.

2) k<nandC>R,,,:C >R, implies that the wireless channel has the capacity to convey the (k+1) -layer
video. Therefore, in order to improve the video quality and to beneficially exploit the currently high channel
throughput, increase the number of video layers according to k := k+1 if k < n, while ensuring that P(7 <
Rip)<e. o - .

3) Otherwise: maintain the current video bitrate without adjusting the number of video layers.

Therefore, the adaptive enhancement layer switching algorithm can be summarized as follows:

(k-1 ifk>1and R, >C
k=9 +1) ifk<landRg, <C
k otherwise
Equivalent throughput C can estimate and adjust the number of video enhancement layers during every time slot.

However, if its complexity is affordable, the algorithm may be activated more frequently for a prompt response to the
channel-throughput variations.
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A. Discussions
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Fig. 2 Flow Diagram of Proposed Project Work
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The Figure 2 is applicable to both live and stored video. At the sender side, the compressed video bit-stream is first
filtered by the scalar, the operation of which is to select certain video layers to transmit. Then the selected video
representation is passed through transport protocols. Before being transmitted to the base station, the bit-stream has to
be modulated by a modem (i.e., modulator/demodulator). Upon receipt of the video packets, the base station scales
them (i.e., select suitable video representation) and then retransmits them to the estimation through the network.

Note that a scalar can distinguish the video layers and drop layers according to importance. The dropping order is
from the highest enhancement layer down to the base layer. A scalar only performs two operations: (1) scale down the
received video representation, that is, drop the enhanced layer(s); (2) transmit what is received, i.e., do not scale the
received video representation.

Under this architecture, a bandwidth manager is maintained in the base station. One function of the bandwidth
manager is to notify the sender about the available bandwidth of the wireless channel through signaling channel. Upon
receiving this information, the rate control module at the sender conveys the bandwidth parameter to the scalar. Then,
the scalar regulates the output rate of the video stream so that the transmission rate is less than or equal to the available
bandwidth.

Another scenario is that the base station notices the sender about the channel quality (i.e., BER). Upon receiving this
information, the rate control module at the sender commands the scalar to perform as follows (suppose that the video is
compressed into two layers): (1) if the BER is above a threshold, discard the enhanced layer so that the bandwidth
allocated for the enhanced layer can be utilized by forward error correction (FEC) to protect the base layer; (2)
otherwise transmit both layers. Here, for representations of multiple layers (more than 2), an open problem is:

Generally, the attainable video quality is significantly affected by network congestion in the Internet. In case of
video streaming over HTTP, any potential network congestion may be relieved by the end-to-end flow control carried
out by TCP or a TCP-friendly rate control protocol (TFRCP) at the transport layer. However, this is a basic scheme
conceived for packet-transmission rate control, not for video streaming. Our proposed enhancement layer switching
scheme operates as an end-to-end rate control at the application layer, which may be viewed as a video rate control
scheme designed for adapting the video streaming to the time-varying network conditions.

TFRC and Multiple TFRC (MULTFRC) utilize the parameters Round-Trip and the packet drop rate to estimate the
achievable transmission rate, which may also be applicable to our proposed scheme. In this letter, a technique of
estimating the available throughput: the video content is partitioned into a set of time-bounded segments referred to as
chunks. Let Bi and Ti respectively denote the chunk size and the transmission duration (from the first bit of the chunk
received by the receiver to the last one received). Then it results have ri = Bi/Ti.

Copyright to IJIRCCE WWW. ijircce.com 121



ISSN(Online): 2320-9801
ISSN (Print): 2320-9798

(131RCCE)

International Journal of Innovative Research in Computer and Communication Engineering
(An I1SO 3297: 2007 Certified Organization) Vol.2, Special Issue 2, May 2014

International Conference On Advances in Computer & Communication Engineering (ACCE - 2014)

on 21% & 22" April 2014, Organized by
Department of CSE & ISE, Vemana Institute of Technology, Bengaluru, India

IV. PERFORMANCE EVALUATION
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Fig. 3. (a) and (b):Simulation results for different average channel SNRs of Rayleigh channel. (a) PSNR. (b) FDR.

In this section, the performance of the proposed adaptive enhancement layer switching algorithm is being
characterized. Consider a High Speed Packet Access (HSPA) network [14] relying both on AMC as well as on HARQ.
The Channel Quality Indicator (CQI) mapping table of the UE category 10 [15] is applied. According to the
specification [16], the Transmission Time Interval (TTI) has 2 ms duration, which facilitates near-real-time HARQ
transmission. The maximum number of concurrently communicating users was set to U = 32. In this proposed work the
numbers of communicating users are increased more than 32. A Round Robin scheme was applied for scheduling the
transmissions of the users. The video sequence used in our simulations is the Sony Demo clip from the Video Trace
Library [17] scanned at 30 frame/s. It has one base layer and four enhancement layers. The duration of the video
sequence is about 10 minutes. In order to satisfy the tolerable delay constraint of a specific video application, video
frames are dropped when their delay exceeded 120 ms. The average Peak Signal-to-Noise ratio (PSNR) and Frame
Dropping Ratio (FDR) are used for characterizing the performance of the proposed method. All the results were
averaged over 50 independent simulation runs.

In Figure 3(a), the average PSNR of the proposed algorithm approaches the highest average PSNR of the
conventional fixed layer strategies, because the proposed algorithm has the capability of adjusting the number of
enhancement layers according to the affordable network throughput: at a lower network throughput, receiver driven
adaptive layer switching algorithm may reduce the number of enhancement layers for achieving a lower FDR, as shown
in Fig. 3(b), while keeping the video quality as high as possible. By contrast, at a higher network throughput, it may
increase the number of video enhancement layers.

Finally, for a fixed number of layers the achievable PSNR is forced to remain low at high channel throughputs. As a
benefit, however, transmitting a reduced number of enhancement layers may achieve a lower FDR at a low channel
SNRs, as shown in Fig. 3(b). Moreover, having a higher than affordable number of enhancement layers implies a
higher video bitrate, which results in more dropped frames at lower channel qualities, as evidenced by Fig. 2(b), which
inevitably leads to a low average PSNR.

Hence, these results demonstrate that the proposed algorithm is capable of accommodating different channel
qualities by controlling the number of enhancement layers without any prior knowledge of the channel quality. A
smaller ¢ leads to a lower equivalent throughput C, hence the number of enhancement layers is also reduced, which
inevitably reduces the average PSNR. Hence, having a lower € implies a more conservative enhancement layer
switching algorithm.

V. CONCLUSION

In this project work, an efficient adaptive layer switching algorithm has been proposed for scalable video
transmission, which is a measurement-driven scheme capable of efficiently operation. The estimated equivalent
throughput assists in maintaining the QoS guarantee for video transmission. The receiver end is measured at different
channel conditions and the adjustment of video layers has to be done at the video source.
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