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ABSTRACT 
 

Recently, HTTP Adaptive Streaming(HAS), a video streaming service over the HTTP based web platform has become common. The 
use of HAS service in mobile communication devices such as mobile phones and tablet PCs is rapidly expanding. This paper 
addresses ways to improve the quality of HAS service by enhancing the terms of viewer satisfaction. HAS systems have several 
internal operational processes, which can affect viewer satisfaction. Such processes include, the quality determination for the next 
video chunk, the TCP connections-setup procedure and the congestion control operation of the TCP. This paper proposes a 
transmission scheme to improve the HAS quality services over mobile web. The proposed scheme takes into consideration the past 
implicit communication state of the receiver’s playback buffer occupancy. The results of these experiments indicate that the proposed 

scheme can improve the quality of HAS service from the mobile viewer’s point of view. 
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1. INTRODUCTION 
 

In the increasingly-used web-based adaptive video 
streaming service (HTTP Adaptive Streaming, HAS), the 
server stores video chunks encoded in various qualities, and the 
client uses a web browser to request and subsequently play 
video chunks of a quality appropriate to network conditions. 
That is, the HAS service transmits video content through HTTP 
GET request and response messages over a TCP connection 
between the client and the server [1]-[3]. These requests are 
made continuously at timed intervals, a process which allows 
for determining the quality of the next video chunks based on 
the transmission performance of the previously received video 
chunks. This reduces playback buffering issues due to changes 
in bandwidth, since it takes into account the bandwidth 
between the client and the server as well as the client's CPU 
state [3], [4]. If the available bandwidth increases, the quality 
of the next video chunk improves, and if the available bandwith 
decreased, the quality of the next video chunk degrades. 
However, this scheme causes frequent quality changes in the 
video stream, which lowers viewer satisfaction. These frequent 
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changes are likely due to high congestion and a long delay in 
wireless transmission, resulting from a change in signal 
strength and interference from radio waves stemming from 
movement of a mobile communication device. When a video 
streaming service is accessed on a mobile communication 
device in particular, it can lead to an increased frequency of 
quality change and quality variation of the video chunks. In 
addition, the congestion control operation of TCP is designed 
for a wired environment, leading to more playback delay or 
even stopped playback over a wireless network. In this paper, 
we propose a scheme to increase viewer satisfaction in a 
wireless environment by modifying HAS and TCP operation.   

The rest of the paper is organized as follows: in section 2, 
we describe the behaviors of HAS, analyzing the schemes of 
determining HAS transmission video quality, the impact of 
TCP congestion control on HAS, and the TCP connection-setup 
procedure. Section 3 describes the BSVT video chunk 
transmission scheme for improving HAS service operation. 
Section 4 describes the occupancy and implementation of a 
simulation environment for performance evaluation. Finally, 
we conclude in section 5.  
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2. BEHAVIORS OF HTTP ADAPTIVE STREAMING 
SERVICE 

 

 
Fig. 1. HAS Transmission Quality Determination 

 
This section describes the internal operational process of 

the HAS service. It also describes the characteristics of the 
video quality determination scheme that was previously studied 
for HAS services. 

 
2.1 Video Quality Determination 

Fig. 1 shows that the HAS service scheme receives video 
information stored on the server through the MPD file and 
calculates the quality of the request chunk using the default 
baud rate (bps) value in order to determine the video quality. 
Prior to an HTTP GET request, the scheme calculates the 
quality by dividing the size of the downloaded video chunk by 
the time it took to download the previous video chunk [4], [5]. 
This video quality determination scheme can provide adaptive 
quality by requiring bit rate chunks that match the currently 
available bandwidth. Additionally, if the user stops playing the 
video, the amount of wasted data consumption can be reduced 
by not asking for any more video chunks. However, video 
quality determination of this sort that is appropriate for such a 
variable network degrades the user's subjective quality of 
experience (QoE) [6]. The characteristics of this HAS 
transmission quality determination scheme that have been 
studied in order to address these problem are as follows: 

The Rate Adaptation Algorithm (RAA) compares the 
segment download time to the media period in order to predict 
TCP throughput, and determines the quality of the next chunk 
based on the throughput that smoothes the predicted capacity 
[7]. Because this method increases quality a single step at a 
time, it can take a long time to reach maximum quality. 
Furthermore, when the quality is reduced, it is adapted to the 
throughput and subsequently shows a sudden change in quality.    

QDASH(A QoE-aware DASH), which uses an available 
bandwidth measurement module and a quality evaluation 
module, installs a detection module on the server side for 
accurate bandwidth measurement and selects a quality 
corresponding to the measured bandwidth. This method 

minimizes the amount of quality change by choosing the right 
video quality for the specific bandwidth [8]. This method is 
costly, however, because the hardware must be installed on 
both the server and the client side. 

ASAC (Adaptive Streaming of Audiovisual content using 
MPEG DASH) minimizes quality fluctuations by choosing 
video quality as an Exponential Weighted Moving Average. 
The weights are also calculated as the deviation between the 
past throughput and the measured throughput, so the quality 
changes only if the observed change in transmission rate is 
large [9]. If the change in bit rate is small, however, a bit rate 
lower than the available bandwidth is selected, and if the 
throughput changes drastically, that frequent quality changes 
occur . 

The BAHS (Buffer-base Adaptation for Adaptive HTTP 
Streaming) scheme adjusts the transmission quality by 
choosing a path of selectable quality from the grid type based 
on the remaining capacity of the buffer, and then calculating 
the increase or decrease in the video quality level [10]. By 
limiting the number of quality change steps, this scheme cannot 
cope with sudden network changes. 

QAAD (QoE-enhanced adaptation algorithm over DASH) 
is an algorithm that measures the available bandwidth at a fixed 
time. After smoothing the measured values, it changes the 
quality based on the difference between the measured value and 
the maximum quality that does not exceed the current available 
bandwidth [11]. In a poor network environment, this limits 
quality selection depending on the bandwidth.  

 
2.2 Impact of TCP Congestion Control 

TCP performs congestion control to reduce packet loss 
resulting from differences in the data processing speed and 
network speed between the client and server [12]-[14]. CUBIC 
TCP applied to a wireless environment starts in slow-start 
mode and increases the congestion window (CWND). If 
congestion occurs, CWND increases over time according to a 
cubic function. In this case, it is quickly restored to 
ssthreshold(slow start threshold), its size before the last 
congestion. When CWND is restored, it is slowly increases in 
order to try to get additional bandwidth. Then, CWND 
increases gradually and rapidly. If the existing algorithm 
increases the CWND as an answer to the ACK response, the 
CUBIC algorithm operates independently of the RTT and 
grows the window according to the time through the convex 
function and the concave function, in order to occupy the 
available bandwidth quickly [15]. 

As shown in Fig. 2, the HAS scheme is a service that 
receives video through periodic chunk requests of 2 to 10 
seconds. The HAS scheme shows On / Off traffic patterns that 
differ from those of traditional TCP traffic. The on period is the 
time when the requested chunk was downloaded, and the Off 
period is the idle time before requesting the next chunk [16], 
[17]. In a situation where the bandwidth remains constant, the 
quality is high when the On period is long, and the quality is 
low when the On period is short. This adjustment scheme 
cannot use the actual available bandwidth, since the window 
size is not reflected during the Off period and the next chunk 
starts at CWND of the On period of the previous chunk. HAS's 
request chunk quality determination scheme predicts the
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Fig. 2. Cwnd by On/Off traffic patterns(left), And Cwnd by file size(right) 
 

 current and future network conditions according to the time of 
downloading the previous video chunk quality and the size of 
the chunk. This scheme, however, does not take slow start 
intervals into account. In general, if the transfer file is large, it 
size has little effect on the segment transfer rate calculation. 
However, in the case of HAS, which mainly downloads small 
segments, most transmissions are terminated within a slow-start 
interval. If CWND does not increase enough, it can become a 
problem [15]. This is due to the fact that even if the actual 
available bandwidth is the same, the available bandwidth 
measured in relation to the previous video chunk size may 
appear differently.  

 
2.3 TCP Connection for HAS 

HTTP works as a server / client model as it sends a request 
message through the TCP socket interface and receives a 
response message from the server. Connection-oriented TCP 
establishes a connection via three-way handshaking and 
transmits data through the connected bidirectional session 
according to the window size. When the connection is 
terminated, a four-way handshaking process is performed that 
independently closes both bidirectional connections. These 
frequent connections and disconnects are costly [18]. In the 
case of HAS service with the 1.0 version of HTTP, a new TCP 
connection is created for each chunk of the transport. In version 
1.1, however, multiple video chunks are downloaded from a 
single connection. However, if the user skips a video while the 
video chunks are being downloaded, or if there are no 
additional chunk requests even after video chunk downloading 
has been completed, then a new TCP connection is created. A 
new TCP connection is also created when the video resolution 
changes. Additionally, when the playback buffer is full, the 
TCP connection is closed, and the next video chunks are 
downloaded over a new TCP connection [19]-[25] If a new 
TCP connection is established for each transport chunk, 
unnecessary RTTs resulting from these frequent connections as 
well as disconnects increase network latency and overhead 
costs. Due to the slow start mode behavior of TCP, video chunk 
downloading may also continue to be transmitted at a slower 
rate, or chunks that were being transmitted over an existing 
TCP connection may be lost [18]. 
 

 
 

3. PROPOSED BUFFER STATE BASED HAS VIDEO 
CHUNK TRANSMISSION SCHEME(BSVT) 

 
This section describes the proposed Buffer Status Based 

HAS video chunk transmission scheme, BSVT (Buffer Status 
Based HAS video chunk transmission). In a wireless 
environment, selecting video quality based on the network 
transmission status leads to an increased frequency of quality 
changes, resulting in a lowered video quality experienced by 
the user. The BSVT is a scheme that aims to reduce the number 
of transmission quality changes based on the occupancy (the 
amount of data and the number of chunks) of the buffered data 
of the playback buffer. The amount of data remaining in the 
playback buffer can be the same in two cases, if there are fewer 
high quality chunks or a lot of low quality chunks. If a large 
amount of data is in the playback buffer but the number of 
chunks is small, playback may stop in a poor network 
environment. Fig. 3 compares the quality determinations of the 
HAS and BSVT schemes. As shown, in the BSVT scheme, the 
quality of the requested video chunks is determined by the 
average communication quality based on the data occupancy 
rate of the playback buffer. It also determines the new TCP 
connection based on the share of the data in the replay buffer. 
Prevents new TCP connections as much as possible to reduce 
the overhead of opening and closing a TCP connection. 

 

Fig. 3. HAS vs BSVT chunk quality selection 
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Fig. 4. BSVT overview 
 
3.1 BSVT Overview 

The "BSVT" scheme classifies video chunks into one of 
three states, based on the data occupancy rate of the client's 
playback buffer, as shown in Fig. 4 It then uses the estimation 
equation to calculate the quality of the video chunks, then 
determines the quality of the next video chunks to be requested 
based on the computed value and the state. The states classified 
according to the data occupancy (the amount of data and the 
number of chunks) of the playback buffer are as follows. First, 
State A is the initial buffering state. In this state, a certain 
number of video chunks is continuously requested without an 
off period to fill the playback buffer. Additionally, if state 
transitions are set to State A for rebuffering, the existing TCP 
connection is broken and a new TCP connection is established. 
Second, State B is the state in which more data occupancy is 
maintained than the amount of initial buffering and the number 
of reference chunks. Finally, State C is a state for quickly 
filling the playback buffer because the data occupancy of the 
playback buffer is less than the number of reference chunks. 
High-level video chunks do not necessarily indicate good 
chunk quality levels. Depending on the network environment, 
the highest quality video chunks that are still within the 
available bandwidth and minimize quality changes should be 
chosen.  

 
3.2 Determination of Video Quality 

The video quality to be transmitted next in the BSTV is 
determined by calculating the quality according to the ON 
period and adjusting the quality according to the occupancy of 
the playback buffer.  

Step 1 : Video Quality Calculation. The HAS scheme 
determines the quality of the next video chunks based on the 

download time, which is according to the changing network. 
This video quality determination scheme often changes the 
quality of the video stream, lowering viewer satisfaction. The 
HAS scheme also uses the previously downloaded On time to 
determine the quality of the next video chunk, and network 
changes during the Off period are not applied. The proposed 
BSVT scheme is calculated using the exponentially weighted 
moving average (EWMA) of Eq. (1) in order to minimize the 
quality changes. The proposed scheme is also calculated as in 
Eq. (2) based on the measured RTT value in order to apply the 
network change during the Off period. As shown in Fig. 5, 
when the On period is compared with the Off period and the 
Off period is more than twice the On period, the quality is 
estimated as follows to apply the network change during the 
Off period: RTT is measured using ICMP Echo (Internet 
Control Message) at 1/4 time in the 1/4 interval of the video 
chunk period, and the estimated quality is determined by Eq. (2) 
based on the measured RTT value.  

 chunk. rate௧ାଵ ൌ ݄ܿ݇݊ݑ. ௧ିଵ݁ݐܽݎ ൈ ߜ ൅ .݇݊ݑ݄ܿ ௧݁ݐܽݎ ൈ ሺ1 െ  ሻ             (1)ߜ
 

.݇݊ݑ݄ܿ  ௧ାଵ݁ݐܽݎ ൌ ௖௛௨௡௞.௦௜௭௘೟ோ்்/ଶ                      (2) 

.݁ݐܽݎ  ௧ݎܽݒ ൌ .݇݊ݑ݄ܿ| ௧ିଵ݁ݐܽݎ െ .݇݊ݑ݄ܿ .௧| rate݁ݐܽݎ var. avg ൌ ∑ ௥௔௧௘.௩௔௥೟ష೔೙షభ೔సబ ௡                     (3) 

 
Step 2 : Video Quality Adjusting.   In the proposed BSVT, 

the playback buffer is classified as either State A, State B, and 
State C. 

State A is divided into the initial-buffering phase and the 
re-buffering phase. The initial-buffering phase refers to when 
the client's playback buffer is filled with the user's play-start, 
and re-buffering refers to the phase of filling the playback 
buffer again when the number of chunks remaining in the 
playback buffer reaches zero. The initial-buffering phase starts 
at a consistently low quality without an Off period, and then 
fills the playback buffer by changing the quality of the video 
chunks according to the aforementioned quality calculation. In 
the re-buffering phase, video chunks are continuously 
requested without an Off period while video is playing, until 
the number of chunks remaining in the playback buffer is equal 
to the number of reference chunks.  

 

Fig. 5. Quality measurement decision by RTT(left), And RTT-based quality measurement timing(right) 
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State B is a stable state in which the number of video 
chunks remaining in the playback buffer is kept constant. The 
playback buffer occupancy (the amount of data and the number 
of chunks) is compared with the previous playback buffer for 
the purpose of classification as follows: If both the number of 
video chunks and the amount of data increase, it is classified as 
Case B1, if both numbers remain the same it is classified as 
Case B3, and if both numbers decrease it is classified as Case 
B5. Furthermore, if the number of chunks decreases while the 
amount of data increases, it is classified as Case B2, and 
conversely, if the number of chunks increases while the amount 
of data decreases, it is classified as Case B4. The quality of 
video chunks is determined by this Case classification. The 
estimated quality for the quality adjustment is calculated by 
either Eq. (1) or Eq. (2), according to the On period in which 
the chunks are downloaded. Then, the quality of a video chunk 
one level higher than the calculated video chunk quality is 
compared with the quality obtained by adding the average 
variation calculated by Eq. (3) from the previous video chunk 
quality. Additionally, in order to adjust the quality according to 
the Case classification, a smaller video chunk quality should be 
chosen from these values. Case B1 continues to increase 
quality at the estimated quality calculated as described above, 
and Case B2 decides at a quality one level lower than the 
estimated quality. Case B3 maintains the quality of the 
estimated quality, Case B4 determines the quality one level 
higher than the estimated quality, and Case B5 continues to the 
quality lower than the estimated quality. 

The unstable state C, where the number of video chunks 
remaining in the playback buffer is fewer than the number of 
reference chunks is classified as either Case C1, Case C2, and 
Case C3, by comparing the playback buffer occupancy with the 
previous playback buffer. If the number of chunks increases or 
the amount of data decreases, it is classified as Case C1, if they 
remain the same, it is classified as Case C2, and if both 
decrease, it is classified as Case C3. As for the video chunk 
quality for adjustment, compare a quality one level lower than 
the estimated quality calculated by the on period with the 
quality obtained by subtracting the average change amount 
calculated by Eq. (3) from the previous quality. The higher of 
these values is the value determined to adjust the quality. Case 
C1 is determined to be one level higher than the estimated 
quality, Case C2 is determined to be one level lower than the 
estimated quality, and Case C3 is determined to be one level 
lower than the estimated quality. 

 
3.3 TCP Connection for BSVT 

TCP connections are released when a connection close 
occurs on the server and client side, or when the connection 
times out. The HAS scheme does not specify a standard for 
establishing and breaking connections. In the proposed BSVT 
chunk transmission scheme, the TCP connection state is 
maintained as in the HTTP 1.1 persistent mode, and the chunk 
is transmitted through single TCP connection. However, if 
there is an unstable network situation, such as the presence of 
channel disconnection and delay, it will consume the number of 
chunks remaining in the playback buffer, and the state will 
change back to the buffering phase, leading the network path to 
be transmitted over the new TCP connection. In other words, if 

the network conditions are not good and re-buffering occurs, 
the video chunks will be downloaded from the new network 
path. This approach reduces the overhead cost of establishing a 
new TCP connection for each request on a non-persistent 
connection in HTTP 1.0 and additionally reduces the latency 
caused by the new connection establishment process. 

 
 

4. PERFORMANCE EVALUATION 
 
In this section, performance is analyzed by comparing the 

existing scheme with the proposed scheme. 
 

4.1 Experiment Environment    
To evaluate the performance of the proposed BSVT 

scheme, we compared the video chunk quality determination 
scheme of the HAS scheme, the EWMA scheme, and the 
BSVT scheme. The comparison tool is implemented in the Java 
language and compares the latency of the transmission interval 
that can occur in a wireless environment according to 
congestion. In the simulation, congestion is modeled such that 
the mean transmission time varies, and on / off period are 
randomly determined by applied Exponential Probability 
Density Function. The number of reference chunks of the 
playback buffer for each state is determined as 5, and δ used for 
Eq. (1) is set at 0.825. The video content is the DASH Dataset 
'BigBuckBunny Video', which is an open license, on demand 
streaming scheme, and is made up of chunks split into 2 
seconds. The various bit rates of the video chunks are shown in 
Table 1[26]. 

 
Table 1. Bit rate and chunk quality rating according to video 
source resolution 

 
 
 

resolution 
data 

quantity 
(byte) 

basic transmission 
rate for quality 

determination(bps) 

rank 
(quality) 

320x240 11,406 45,625 1 

320x240 22,321 89,283 2 

320x240 32,772 131,087 3 

480x360 44,588 178,351 4 

480x360 55,400 221,600 5 

480x360 65,634 262,537 6 

480x360 83,587 334,349 7 

480x360 99,032 396,126 8 

854x480 130,572 522,286 9 

854x480 148,873 595,491 10 

1280x720 197,796 791,182 11 

1280x720 258,171 1,032,682 12 

1280x720 311,195 1,244,778 13 

1280x720 386,726 1,546,902 14 

1920x1080 533,423 2,133,691 15 

1920x1080 621,034 2,484,135 16 

1920x1080 769,647 3,078,587 17 

1920x1080 881,731 3,526,922 18 

1920x1080 960,090 3,840,360 19 

1920x1080 1,054,974 4,219,897 20 
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4.2 Experiment Result   
Three experiments were performed to evaluate the 

performance of the proposed BSVT scheme. 
Table 2 is the result of the analysis of the behavior of the 

quality determination schemes comparing the quality of video 
chunks, which was determined after differentially modeling the 
chunk transfer time for slowly changing networks and rapidly 
changing networks. 

 
Table 2. Analysis of quality determination schemes 

 
Table 3 shows the experimental results of the existing 

HAS, EWMA, and BSVT schemes, according to the congestion 
state with the ON interval determined by the exponential 
distribution probability distribution function. The result of this 
experiment compares the quality of the determined video 
chunks with the number of re-buffering.  

 
Table 3. Performance evaluation by congestion state 

average 
rate 

quality rating of request 
chunk 

re-buffering count 

HAS EWMA BSVT HAS EWMA BSVT

100ms 19.99 19.94 19.93 0 0 0 

300ms 19.98 19.94 19.92 0 0 0 

600ms 19.84 19.89 19.65 15 10 0 

900ms 19.45 19.69 19.03 62 43 0 

1200ms 19.1 19.1 18.5 106 117 9 

1500ms 17.99 18.36 18.18 205 238 33 

1800ms 16.57 17.86 17.48 305 333 89 

 
In addition, in order to evaluate performance in a wireless 

environment, the transmission time of the video chunks is 
determined by the exponential probability density function 
according to the congestion level 1-5 (level 1 : 100~500ms, 
level 2 : 100~1000ms, level 3 : 100~1500ms, level 4 : 
100~2000ms, level 5 : 100~2500ms), with the congestion 
occurring randomly. Fig. 6 compares the quality of the video 
chunks determined in each method, and Fig. 7 shows the result 
of comparing and analyzing the number of chunks remaining in 
the buffer and the amount of data. Fig. 8 compares the number 
of re-buffering times, new TCP connections based on 
resolution changes, and the new TCP connections due to re-
buffering. The BSVT scheme maintains quality similar to that 
of the existing scheme, but the least amount of re-buffering 
occurs as the congestion level increases. This is because the 
amount of data in the buffer and the number of chunks are kept 
constant. 

 
 

Table 4. Comparison according to basic transmission rate 
change (average quality and rebuffering) 

 
Table 5. Comparison according to basic transmission rate 
change (new TCP connection) 

 
The bit rate and chunk quality rating according to the 

video source resolution used in the experiment are based on the 
default transmission rate of 2 seconds. So, this experiment 
investigated what quality is determined when a 2 second chunk 
(transmitted for 2 seconds) is transmitted in 1.5 second and in 1 
second. As a result, the average quality and the number of re-
buffering are shown in Table 4, and the number of new TCP 
connections is shown in Table 5. At a 2-second transmission 
rate, the re-buffering frequency is smaller and the quality is 
better. Also, as the transmission rate decreases to 1.5 and 1 
second, the quality is determined passively and rigorously. That 
is, the smaller the reference transmission rate, the lower the 
average quality and the higher the quality variation. As a result 
of comparing the existing scheme with the proposed BSVT 
scheme, the proposed method shows better performance when 
the reference rate is 2 seconds. 

 

basic 
trans-

mission 
rate 

degree of 
congestion

(ms) 

average quality rank rebuffering(count)

HAS EWMA BSVT HAS EWMA BSVT

1s 

100~500 19.80 19.72 19.63 0 0 0 
100~1000 18.90 18.91 19.28 7 7 0 
100~1500 16.82 18.33 18.77 29 40 1 
100~2000 13.82 16.48 15.70 100 103 16 
100~2500 12.46 14.59 13.41 207 199 63 

1.5s 

100~500 19.89 19.66 19.64 0 0 0 
100~1000 19.67 19.61 19.32 4 4 0 
100~1500 18.07 19.13 18.33 53 33 2 
100~2000 17.05 18.63 18.19 112 102 30 
100~2500 15.00 17.58 16.76 224 216 90 

2s 

100~500 19.93 19.71 19.64 0 0 0 
100~1000 19.79 19.70 19.72 6 8 0 
100~1500 19.25 19.41 19.06 37 48 3 
100~2000 18.92 19.31 18.63 88 82 16 
100~2500 17.80 18.40 18.20 210 267 67 

Trans-
mission time 

slowly change fast change 

HAS EWMA BSVT HAS EWMA BSVT

100~1000ms 19.94 19.69 19.6 19.95 19.69 19.6

500~1500ms 19.92 19.68 19.68 19.93 19.67 19.67

1000~2000ms 19.86 19.33 19.35 19.91 18.04 19.06

1500~2500ms 4.68 5.41 5.44 2.46 3.77 6.43

basic 
trans-

mission 
rate

degree of 
congestion

(ms) 

count of connections due to 
resolution change 

count of 
connection due to 

rebuffering HAS EWMA BSVT 

1s 

100~500 3 2 2 0 

100~1000 52 2 2 5 

100~1500 137 12 12 12 

100~2000 258 68 94 17 

100~2500 344 106 154 24 

1.5s 

100~500 2 3 3 0 

100~1000 13 2 4 3 

100~1500 105 2 18 11 

100~2000 187 8 28 16 

100~2500 190 38 50 23 

2s 

100~500 1 2 2 0 

100~1000 5 2 2 2 

100~1500 34 2 4 8 

100~2000 66 2 12 19 

100~2500 177 12 26 23 
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Fig. 6. Comparison of request chunk quality in wireless environment : Congestion level 1~5 

 
 

Fig. 7.  Comparison of the amount of data remaining in the buffer and the number of chunks in wireless environment : 
Congestion level 1~5 
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Fig. 8. Comparing the number of re-buffering in wireless environment, comparison of new TCP connection according to 

resolution, and comparison of TCP connection according to re-buffering 
 
 

5. CONCLUSION 
 

The traditional HAS video quality determination scheme 
often changes the quality in a wireless environment, lowering 
viewer satisfaction. Additionally, if mobile users want to 
receive video streaming services in a wireless environment 
using a TCP transmission protocol designed for wired 
environments, network performance may be further 
compromised due to TCP traffic congestion control and TCP 
connectivity issues. To address these issues, the proposed 
BSVT scheme reduces the variation in video quality and 
guarantees an average quality level, and the transmission status 
is categorized by the receiver's playback buffer occupancy (the 
amount of data and chunks remaining in the client-side 
playback buffer). The status of these classifications determines 
the quality of the next request chunk and whether a new TCP 
connection will be established. In the BSVT scheme, the 
quality of the request chunk is determined by calculating the 
exponentially weighted moving average and the average 
variation according to the time of downloading (On period) the 
chunks, in order to reduce the quality change of the video 
chunks. Additionally, in this scheme, new TCP connections are 
avoided as much as possible in order to reduce the overhead of 
opening and closing TCP connections.  

The proposed BSVT scheme can improve viewer 
satisfaction in a wireless environment by adjusting the chunk 
quality according to the state of the playback buffer and 
determining a new TCP connection. In future studies, we will 
test our proposed scheme under heterogeneous terminals with 
various content requests. 
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