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Abstract. This paper proposes a novel buffer aware rate selection algo-
rithm for adaptive video streaming. The proposed framework uses a
throughput estimation module and a rate adaptation algorithm, which
enhances the Quality of Experience for a viewer by maximizing the aver-
age selected bit rate with minimum quality fluctuations. Further, the
paper presents a pyramid coding scheme for media content preparation
that can provide media with consistent visual quality under constraints
on the encoding speed and the target bit rate. The experimental evalu-
ation carried over a test-bed validates our rate selection algorithm.
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1 Introduction

Currently, the reliance on traditional video streaming solutions is substituted
with a steady shift towards adaptive streaming. Protocols such as RTSP, RTMP
and MMS are replaced with HTTP delivery. Recently a new standard called
Dynamic Adaptive Streaming over HTTP (DASH) has been developed by MPEG
and 3GPP to enable high-quality streaming of media content over the internet
from conventional HTTP web servers [1]. The Quality of Experience (QoE) for
a viewer in adaptive video streaming can be enhanced by minimizing frequent
playback interruptions. Since adaptive streaming systems are particular in their
automatic switching between the quality levels, quality transitions can affect the
QoE for a viewer in addition to sub-optimal quality selections. An efficient rate
adaptation algorithm is required for adaptive video streaming to solve the above
problems. Further, the content preparation at the server side can also be con-
sidered as one of the main parts in adaptive streaming since it can enhance the
QoE for a viewer under multiple network conditions. In this paper, we propose
two algorithms, namely buffer aware rate selection algorithm at the client player
and pyramid coding scheme for content preparation at the server. The pyramid
coding scheme can provide media with a consistent visual quality under the con-
straints on the encoding speed and the target bit rate. To achieve the target
bit rate with the best quality, the encoding process starts with the derivation of
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an initial quantization parameter (QP) based on the spatiotemporal complexity
of the sequence, its resolution, and the target bit rate. Simple linear estimation
models are used to predict the number of bits that would be necessary to encode
a frame for a given complexity and quantization parameter. The proposed algo-
rithm achieves consistent visual quality while satisfying the long term bit rate
constraint. Since the proposed coding scheme has a limited complexity, it is more
suitable for real-time applications. The buffer aware rate selection algorithm at
the client player enhances the QoE for the viewer by maximizing the average
selected bit rate with minimum quality fluctuations. A dynamic adaptive video
streaming system with the proposed rate adaptation algorithm is implemented
over a miniature test-bed and the experimental results validate the proposed
algorithm. The rest of the paper is organized as follows: Section II presents the
background and related work. Section III shows the implemented video stream-
ing system. The experimental results are discussed in Section IV. Finally, Section
V concludes the paper.

2 Background and Related Work

In the past few years, some research efforts on rate adaptation algorithms for
adaptive streaming have been reported [2–6]. The rate adaptation algorithms of
commercial solutions such as Adobe Open Source Media Framework (OSMF),
Microsoft Smooth Streaming, and Netflix client are evaluated in [2] and the
experimental results reveal that none of them provides smooth quality adapta-
tion. A buffer preserving rate adaptation mechanism is proposed in [3], which
keeps the playback buffer duration up to a certain amount by continually increas-
ing the video bit rate. However, when the available throughput drops suddenly,
the algorithm aggressively decreases the representation bit rate and, therefore,
causes abrupt decrease in the video quality. In [4], a representation quality aware
adaptation algorithm is proposed, which minimizes sudden changes in video qual-
ity by utilizing segments at the buffer. However, this adaptation algorithm can-
not perfectly resolve the quality transition problems since the algorithm does not
include any buffer absorbing part that is necessary to cope up with the available
throughput fluctuations.

To minimize the unnecessary quality fluctuations, a safety margin based rate
adaptation scheme is proposed in [5]. The adaptation scheme uses a logistic func-
tion (LF) based throughput estimation mechanism in which a deviation param-
eter is used to assign a proportional weight for the recent observed throughput.
The algorithm prevents the playback interruptions by selecting a sub-optimal
bit rate, which is lower than the available throughput. In [4], a simple rate adap-
tation scheme is proposed in which the video bit rate is selected as the highest
value that is smaller than or equal to the estimated throughput. The algorithm
employs an exponential weighted moving average (EWMA) based throughput
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estimation method in which the throughput for the next instant is estimated
by assigning a proportional weight for the recently observed throughput. In
[6], a network-aware rate adaptation scheme is proposed. The algorithm uses
a dynamic fluctuation index (DFI) based throughput estimation scheme that
assigns a dynamic proportional weight for the recent observed throughput. The
rate adaptation algorithm prevents the playback buffer depletion by choosing a
bit rate lower than or equal to the estimated throughput. However, the existing
rate adaptation schemes are still insufficient considering the frequent changes in
video quality for a rapidly changing network condition.

3 The Proposed Video Streaming System

3.1 Encoding Scheme

In video streaming applications, the QoE for a viewer can be greatly enhanced
by delivering the media content with a consistent visual quality. It requires the
media content to be encoded not only with a good average quality, but also with
fewer quality fluctuations among the adjacent frames. The use of hierarchical
pictures leads to an improved coding efficiency compared to coding with the
classical IBBP or IPPP structures [7]. In this paper, we propose a novel pyramid
coding scheme for the hierarchical pictures. The adopted scheme for content
preparation is shown in Fig. 1. In this scheme each of the frames to be encoded
is assigned a unique rank, i.e., all of the I frames are assigned a rank zero, B
frames are assigned the maximum rank, while ranks assigned to P frames vary
from rank zero to a rank less than the maximum rank value. The QP for any
frame of rank i is derived by adding a small value to the QP of the corresponding
reference frames of rank i − 1 irrespective of the frame type.

Fig. 1. Proposed Encoding Scheme

We maintain this pyramid structure of QP variation between zero rank ref-
erence frames as shown in Fig. 1. Further, the proposed scheme modulates the
zero rank frame QPs according to the buffer status while the rest of the QPs
are derived as above. To achieve the target bit rate with the best quality, the
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algorithm first calculates an initial QP value based on the complexity of the
sequence, its resolution, and the target bit rate. Specifically, the proposed algo-
rithm determines the QP for encoding a zero rank P frame as follows: Let us
assume that P̄

QP
is the average of the QP values of zero rank P frames encoded

so far, cplx is the average spatio-temporal complexity observed so far, bitact rep-
resents the total bits consumed for all the frames encoded so far, cplx denotes the
spatio-temporal complexity of the current frame and bittgt denotes the total tar-
get bits for all of the frames including the current frame. Then, the QP selected
for encoding the frame is given by

P
QP

=
bitact ∗ P̄

QP
∗ cplx

bittgt ∗ cplx
(1)

A Coding Group (CG) is considered to represent a set of frames from the
frame succeeding the past zero rank frame to the future zero rank frame. For
all the frames in the current CG, the total number of bits required for encoding
are estimated using simple linear estimation models for a given QP derived
from the current P

QP
. Before encoding the zero rank P frame, the algorithm

calls a buffer to project the status such that if the above derived P
QP

and QPs
corresponding to different ranks are used for encoding the entire CG. Depending
on the estimated buffer status, the current P

QP
is either left unchanged or is

modified so as to achieve the desired bit rate accurately. If the estimated buffer
is close to the target buffer, the current P

QP
is used for encoding the frame.

Otherwise, the algorithm derives a small increment in P
QP

(ζqp) that needs to
be applied to the current P

QP
to achieve the desired bit rate. This increase is

derived as follows:
ζqp = P

QP
∗ (ζqpf − 1) (2)

where the step size factor, ζqpf = (1 + ζbr) ∗ (1 + ζvq). The two quantities ζbr

and ζvq respectively corresponds to the bit rate constraint and the consistent
visual quality constraint. After estimating the increment in P

QP
, it is updated

as follows:
P ′

QP
= P

QP
+ ζqp (3)

where P ′
QP

is the updated P
QP

. Whenever P
QP

is modified, the QPs correspond-
ing to different ranks are updated accordingly. We observe that the proposed
coding scheme leads to a smoother variation in QP and hence less quality fluc-
tuations among the adjacent frames. Compared to the existing coding scheme
in Joint Model (JM) reference software, the proposed coding scheme achieves a
maximum peak signal to noise ratio (PSNR) improvement of 1.5 dB and an aver-
age of 0.7 dB when different test sequences are considered. The Rate-Distortion
(RD) performance of the proposed algorithm for two test sequences is shown
in Fig. 2. The complexity of the proposed algorithm is also much lower than
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(a) CIF (b) SD

Fig. 2. RD performance of the proposed coding scheme

that of traditional algorithm used in JM software since the proposed algorithm
employs a simple linear prediction mechanism rather than the complicated MAD
prediction as used in the latter.

3.2 Dynamic Adaptive Video Streaming System

The proposed encoding mechanism is used for the preparation of video con-
tent. Later the encoded content is split into video segments according to the
MPEG DASH specifications. The implemented dynamic adaptive video stream-
ing system is shown in Fig. 3. The server content is represented by a Media
Presentation Description (MPD) file and a collection of segments with different
representation qualities. The client requests the MPD file from the server, and
the received MPD file is interpreted by the parser at the client. The extracted
information from the MPD file is used for requesting the media segments from
the server. The video streaming system further consists of two more modules
at the client, namely the throughput estimation module and buffer aware rate
selection module as shown in Fig. 3.

Fig. 3. Dynamic Adaptive Video Streaming System
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3.3 Throughput Estimation Mechanism

In the implemented video streaming system, the segment delivery duration is
considered as the time difference between the instant of receiving the last byte
of the response to the instant of sending the segment request to the server.
Further, the throughput is obtained by dividing the size of the segment by the
delivery duration. Before fetching the next segment, the available network condi-
tions are estimated by using the throughput estimation algorithm. The proposed
throughput estimation mechanism uses a smoothing factor (ρ) that reflects the
rapid changing network conditions. The proposed throughput estimation mech-
anism outperforms the existing throughput mechanisms by considering both
absolute and smoothed values of throughput deviation that makes the algo-
rithm more robust to short-term network fluctuations. To project the changing
network conditions at each instant, we determine a throughput deviation (en)
as follows:

en = T̂n − Tn (4)

where T̂n represents estimated throughput and Tn represents the available
throughput. The absolute and smoothed values of en are determined as follows:

an = γ|en| + (1 − γ)an−1 (5)

bn = γ en + (1 − γ)bn−1 (6)

Finally, we compute ρ as

ρ =
∣
∣
∣
∣

an

bn

∣
∣
∣
∣

(7)

The parameters an and bn measure the fluctuations in the available through-
put over time and are used to dynamically update ρ. The value of ρ reflect the
changing network condition as follows: The higher value of ρ indicates the net-
work condition has changed suddenly and thus the next instant throughput is
estimated by giving more weight to the past available throughput. Otherwise,
the next instant throughput is determined by giving more weight to the esti-
mated throughput. The algorithm determines the next instant throughput as
follows:

T̂n+1 = ρTn + (1 − ρ)T̂n (8)

The value of ρ is updated dynamically according to the available network
conditions and the throughput is estimated accordingly.

3.4 Buffer Aware Rate Selection Algorithm

One of the challenges for the rate adaptation algorithm arises from the fact that the
end-to-end available throughput between the server and the client changes dynam-
ically and is difficult to predict. The other challenges include maximization of QoE,
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minimization of start up delay and avoidance of playback interruptions. If the sta-
tus of the buffer at the client player is not taken into consideration before requesting
the video segment from the server, the buffer at the client player may suffer from
either overflow or underflow. For example, if the available network throughput is
higher than the estimated throughput, the video segment may arrive at the player
before the expected time; on the other hand, if the available network throughput
is lower than the estimated throughput, the video segment may arrive later than
the expected time. As the status of the buffer is not taken into consideration while
requesting the next segment, the buffer at the client player may endure either over-
flow or underflow. The viewer will experience playback interruptions in the event
of buffer underflow. In the event of buffer overflow, the adaptation algorithm fails
to provide the best quality video to the viewer.

If the video segments are requested in accordance with only the estimated
throughput, frequent bit rate switching will occur at the client when the available
throughput fluctuates. The frequent bit rate switching will adversely affect the
viewer’s QoE. In addition to the above, minimizing start-up delay, i.e., the time
difference between the instant a video is requested until the video playback
starts, also needs to be addressed in real time video streaming. The start-up
delay can be minimized by selecting a lowest representation bit rate for the
initial few chunks in order to produce fast playout start. As a result of this, the
viewer will experience either a sudden increase in quality level or will not be able
to view the best quality video for few seconds. To address the above issues we
propose a novel buffer aware rate selection (BARS) algorithm with the following
goals: 1)To avoid playback interruptions 2) Minimize the bit rate fluctuations
3) Minimize the start up delay.

Let Q1, Q2, ...Qm be the m different qualities available for a given video
stream. Q1 represent the lowest quality and Qm represent the highest quality of
the video stream. The different qualities of the same video sequence are stored
on a video server, as shown in Fig. 3. For m different video qualities the corre-
sponding bit rates are R1, R2, ...Rm such that R1 < R2 .... < Rm. R1 represents
the lowest bit rate corresponding to the lowest quality Q1 while Rm represents
the highest bit rate corresponding to the highest quality Qm. The proposed algo-
rithm is invoked immediately once the playback starts. In order to have smooth
and uninterrupted playback, the algorithm takes two arguments, namely the
estimated throughput and the buffer level of the video player. The proposed
rate adaptation algorithm operates as follows. Initially, the algorithm estimates
a bit rate to be selected for the (n + 1)th segment as

argmax
Rest

n+1

{Rest
n+1 ≤ T̂n+1}

Rest
n+1 ∈ {R1, R2...Rm}

(9)

where Rest
n+1 is the initially estimated bit rate to be selected for the (n + 1)th

segment and T̂n+1 is the estimated throughput as given by Equation (5). Before
requesting the (n + 1)th segment, the algorithm verifies the status of the client



234 M.V.P. Kumar et al.

buffer and updates the bit rate to be selected for the (n + 1)th segment by
estimating a weight factor, αn+1 according to the buffer occupancy level.

Initially, we define two thresholds for the buffer level, namely B1 and B2 mea-
sured in seconds such that 0 < B1 < B2 < Bmax where Bmax is the maximum
level of the buffer in seconds. We consider an operating margin in the buffer as
follows: Bmar = [B1, B2]. The target buffer level (Btar) is considered as the mid-
point of the operating margin i.e., Btar = 0.5[B1 +B2]. The proposed algorithm
keeps the buffer level close to Btar. If a decrement/increment in buffer level is
followed by an increment/decrement in the available throughput, the algorithm
responds by requesting a representation quality same as the current represen-
tation quality or a representation quality slightly higher/lower than the current
representation quality depending on the rate of buffer fluctuation.

The pseudo-code of the proposed algorithm is given in Algorithm 1. The
proposed algorithm is more robust to short-term throughput fluctuations by not
changing to any different representation quality as long as βcur

n ∈ Bmar, where

Algorithm 1.
1: if (βcur

n ≤ Btar) then
2: if βpre

n−1 ≥ Btar then

3: ε =
Bmax−βcur

n −β
pre
n−1

Bmax−β
pre
n−1

4: else

5: ε =
|βcur

n −β
pre
n−1|

β
pre
n−1

6: if βcur
n − βpre

n−1 ≤ 0 then
7: αn+1 = αn(1 − ε)
8: else
9: αn+1 = αn(1 + ε)

10: if Rest
n+1 > Rcur

n then
11: Radap

n+1 = αn+1R
est
n+1 + (1 − αn+1)R

cur
n

12: else
13: Radap

n+1 = αn+1R
cur
n + (1 − αn+1)R

est
n+1

14: else
15: if βpre

n−1 ≥ Btar then

16: ε =
|βcur

n −β
pre
n−1|

Bmax−β
pre
n−1

17: else

18: ε =
βcur
n +β

pre
n−1−Bmax

β
pre
n−1)

19: if βcur
n − βpre

n−1 ≤ 0 then
20: αn+1 = αn(1 + ε)
21: else
22: αn+1 = αn(1 − ε)

23: if Rest
n+1 > Rcur

n then
24: Radap

n+1 = αn+1R
cur
n + (1 − αn+1)R

est
n+1

25: else
26: Radap

n+1 = αn+1R
est
n+1 + (1 − αn+1)R

cur
n
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βcur
n is the current buffer level at the time of requesting the (n + 1)th segment.

This behavior increases the viewers QoE by minimizing the frequent bit rate
switching. The sensitivity of the algorithm to short term fluctuations can be
enhanced by adjusting the size of Bmar. The proposed algorithm now estimates
an adapted bit rate, Radap

n+1 from the available buffer occupancy level and the bit
rate of the current representation, Rcur

n . Radap
n+1 is further updated as given in

Algorithm 2.

Algorithm 2.

1: if R1 < Radap
n+1 < Rm then

2: Radap
n+1 = Radap

n+1

3: else
4: if Radap

n+1 < R1 then

5: Radap
n+1 = R1

6: else
7: Radap

n+1 = Rm

The proposed algorithm minimizes playback interruptions by keeping the
buffer level within the operating margin Bmar and maximizes the QoE for
the viewer. The algorithm avoids playback interruptions as follows: whenever
the current buffer level, βcur

n falls below the threshold level, Bth (0 < Bth < B1)
the proposed algorithm switches more aggressively to the lowest representation
quality. This is because the probability of a buffer underflow in the presence of
throughput fluctuations is high. Since the goals minimizing the start-up delay
and providing the best quality at the beginning of the stream constitute a trade-
off, the proposed algorithm resolves the trade-off by downloading the first seg-
ment at mid representation quality and thereby adapting the quality in a more
aggressive way. The proposed rate selection algorithm finally selects a represen-
tation quality with its corresponding bit rate as follows.

argmax
Rsel

n+1

{Rsel
n+1 ≤ Radap

n+1 }

Rsel
n+1 ∈ {R1, R2...Rm}

(10)

4 Experimental Evaluation

A miniature Next Generation Wireless Internet (NGWI) test-bed is used for
evaluating the performance of the proposed algorithm. The system consists of
a core router (CR1), a switch (SW1), two wireless routers (WR1 and WR2),
and three access points (AP1, AP2, and AP3), three laptops (L1, L2, and L3),
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Fig. 4. Client Player

a smartphone (S1) and three desktop computers (PC1, PC2, and PC3). Quality
of Service (QoS) parameters for clients are also set-up on the WRs such that
the performance can be measured in both constant and variable bandwidth.
For the experimental evaluation, we considered WiFi as the wireless broadband
access technology. A rapidly changing network condition is selected for evalu-
ating the effectiveness of the proposed algorithm. The available throughput in
such a condition is measured and logged using the custom build wireless routers
and was used to emulate the scenario on the NGWI test-bed. The proposed
algorithm is implemented as an extension for the VLC player as shown in Fig.
4. The extension acts as a middle layer between the VLC player and the buffer.
A viewer can access the extension using the view item in the player menu. Once
the playback starts, the rate adaptation algorithm is invoked immediately and
basic statistics about the streamed content, namely the available throughput
and the selected representation, are displayed for the viewer. We set a 20 sec-
ond client buffer to provide smooth video playback during experimentation. The
server content is represented by an MPD file and a collection of segments with
different representation qualities. All the video segments have the same length
of 2 seconds. We considered several test sequences of various resolutions pro-
vided by xiph.org (http://media.xiph.org/video/derf) for experimentation. The
available reference test video sequences are of about 500 seconds duration and
all these are used in the experimental evaluation. The test video sequence is
provided with ten bit rates from 400kbps to 800kbps with a step size of 40kbps.
The performance of the proposed algorithm is compared with three existing
algorithms namely, EWMA based throughput estimation mechanism with sim-
ple rate selection algorithm (EWMA + SRS), DFI based throughput estimation
mechanism with adaptive video rate selection algorithm (DFI+AVRS) and LF
based throughput estimation mechanism with safety margin based rate selec-
tion algorithm (LF + SMBRS). Fig. 5 shows the experimental results of all the
algorithms.
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(a) EWMA + SRS (b) DFI + AVRS

(c) LF + SMBRS (d) Proposed + BARS

Fig. 5. Rate adaptation for different algorithms

From the results, it can be observed that EWMA + SRS has more bit rate
fluctuations. This is because the video bit rate is selected as the highest value
that is smaller than or equal to the estimated throughput. DFI+AVRS scheme
performs better than the EWMA + SRS scheme, but it also suffers from bit rate
fluctuations. This is because AVRS algorithm requests segments with the high-
est bit rate to avoid buffer overflow, but the buffer depletes quickly in case of a
sudden decrement in the available throughput due to inflated bit rate requests.
Further, there is no inherent underflow detection scheme in the AVRS algorithm
due to which playback pauses are observed. The LF+SMRS scheme uses a sim-
ple safety margin for avoiding the buffer underflow, but the algorithm fails to
provide to provide best quality video to the viewer. Further, there is no inher-
ent overflow detection mechanism in SMRS algorithm due to which low-quality
video is streamed. All the three algorithms suffer from bit rate fluctuations and
playback discontinuities because of not considering status of the buffer at the
player. The proposed algorithm minimizes frequent bit rate switching by not
changing to any different representation quality for short-term throughput fluc-
tuations. In addition, the algorithm continuously monitors the status of the
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buffer and avoids both buffer overflow and underflow with inherent early detec-
tion mechanisms. The proposed algorithm enhances the QoE for a viewer by
maximizing the average selected bit rate while minimizing the fluctuations in
quality.

5 Conclusion

A dynamic adaptive video streaming system with a buffer aware rate selection
algorithm is implemented and presented in this paper. The proposed algorithm
enhances the QoE for a viewer by maximizing the average selected bit rate with
minimum quality fluctuations. Further, the paper presents a pyramid coding
scheme for media content preparation that can provide media with consistent
visual quality under the constraints of the encoding speed for a target bit rate.
The experimental evaluation carried over a miniature NGWI test-bed validates
the proposed rate selection algorithm.
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