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Abstract—The Dynamic Adaptive Streaming over HTTP
(DASH) is specified to cope with the changing network conditions
and provide an adaptive bit-rate HTTP-based streaming solution.
While there have been many researches of rate adaptation
algorithms on adaptive HTTP streaming, much of the work
is focused on Video on Demand (VoD) service—which is not
same as live streaming. It is generally preferred to minimize
the end-to-end delay and make full use of the bandwidth for live
services. In this paper, we propose a buffer-based rate adaptation
algorithm with dynamic threshold which can decrease the rate
transitions and provide a seamless playback under a low latency
requirement. The rate adaptation metrics not only take into
account the momentary value of bandwidth but also consider
its fluctuation as the recognition of bandwidth is crucial over
small buffer. Experiments demonstrate that our proposed rate
adaptation scheme outperforms the methods using fixed threshold
or instant throughput.

Keywords—DASH, live streaming, rate adaptation algorithm,
dynamic buffer threshold

I. INTRODUCTION

In recent years, Dynamic Adaptive Streaming over HTTP
(DASH) has been widely used for video streaming service
over the Internet [1]. In DASH, an HTTP streaming provider
should generate multiple versions of an original video that
contains various bit-rate or resolution. Moreover, each video
version file is further partitioned into small video segments,
which normally contains a few seconds of video content. In
terms of live streaming, the segments are generated periodi-
cally, i.e. a new segment becoming available shortly after it
has been recorded and encoded completely. A DASH client
requests the available video segments according to the network
condition and the playback buffer occupancy. This process
is referred to as rate adaptation which is one of the most
essential components to improve the streaming quality. By
far, many rate adaptation schemes have been designed for
VoD services, including bandwidth-based schemes [2] and
buffer-based schemes [3], [4]. However, the research on rate
adaptation scheme for live streaming is still limited.

To cope with throughput fluctuations in video streaming,
in startup phase, a client should download some amount of
video data before it can start playing. Obviously, if the amount
of buffered data is large, the client can better cope with
future fluctuations. However, this initial buffering delay may
negatively affect the quality of experience, especially for live
streaming. For on-demand streaming, a good strategy is to use
a low bit-rate to achieve fast start-up, and apply a very large
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buffer size to accommodate bandwidth fluctuation. For live
streaming, even if one tries to download low bit-rate video in
order to fill up buffer quickly, the amount of buffered media is
still limited because the client can only download the segments
having been generated. Truong [5] has investigated typical
adaptation methods in the context of live streaming under small
initial buffering. The results show that the bandwidth based
method brings about fluctuating bit-rate. Fixed threshold buffer
based method provides smoother media but it is unsuitable
when sudden drops of throughput occur frequently.

The performance of the threshold buffer based method is
influenced by the value of dual-thresholds. A small underflow-
threshold leads to smooth video bit-rate while increasing the
risk of buffer underflow, and vice versa. In this paper, we
propose a rate adaptation scheme based on dynamic threshold.
It focuses on continuous playback if the bandwidth fluctuates
dramatically, while a smooth quality playback can be ensured
when the network condition is stable. Specifically, the contri-
bution of this paper can be concluded as:

e  We present the client buffer model for live adaptive
streaming, where we find out, in live streaming, the
buffer will never suffer overflow since the buffer has
a upper bound which equals to the initial buffering
delay.

e  Using the client buffer model, we propose a buffer
based rate adaptation approach with a dynamic un-
derflow threshold. The threshold considers both the
network fluctuation information, which is determined
by the coefficient variance of throughput, and client
buffer occupancy.

e  Experiments on real throughput dataset demonstrate
that our approach reduces the number of rate switches
meanwhile maintains a seamless streaming which in-
creases the quality of experience for live viewer under
low latency requirement.

This paper is organized as follows. In Section II, we present
the buffer model for streaming live content. In Section III, we
describe the dynamic threshold buffer based rate adaptation
scheme. In section IV, the performance of different adaptation
methods is evaluated including fixed/dynamic threshold buffer
based rate adaptation. Finally, conclusions are provided in
Section V.

II. CLIENT BUFFER MODEL OF LIVE STREAMING

A DASH system on live streaming contains a server, clients
and a content provider, where media are segmented as certain
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duration, namely 7', of data in order to deliver. The client
continues receiving segments from server. As the occupancy
of client buffer is generally tracked in seconds of media, we
build a dynamic model of the playback buffer for storing live
content.

During the startup phase for live streaming, the client
requests qo seconds video started from the latest segment
without playing it. At playback time ¢, the buffer receives
data at a specific video rate, denoted as R(t), meanwhile
the perceived bandwidth is represented as C(t). Therefore,
the buffer consumes one second of media in every second
but obtains C'(t)/R(t) seconds of video. Fig. 1 illustrates the
snapshot of the dynamic model of playback buffer when the
startup phase has been just completed:
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Fig. 1: the snapshot of the dynamic model of playback buffer
when the startup phase has been just completed.

Here, Q¢ (Qo > qo) is the initial buffering delay, standing
for the time duration for downloading ¢y seconds video. The
client then proceeds with a steady-state phase as soon as the
initial buffering finishes. Thus, the buffer occupancy, denoted
as ¢(t), can be calculated as:

o)

o) =+ [ (G~ Vi m

Conventionally, the client buffer risks suffering both under-
flow and overflow for on-demand streaming as the rate adapta-
tion scheme may choose improper video bit-rate. However, in
terms of live streaming, the client buffer will never overflow
due to the live content generation constraint. As the server
generates only )y seconds video at the startup phase and the
client will not download the media data more than the server
generated, we have:

&)

Combined with (1), ¢(t) < Qo always holds for every
playback time ¢. Hence, the client buffer has an upper bound
of )y seconds of video under live streaming.

III. BUFFER BASED RATE ADAPTATION WITH DYNAMIC
THRESHOLD

The buffer-based methods with fixed dual-threshold decide
the bit-rate mainly by the buffer occupancy and the esti-
mated bandwidth. The upper threshold, namely the overflow-
threshold, intents to prevent buffer from overflow while achiev-
ing high bandwidth utilization and the lower one, namely
the underflow-threshold, mainly focus on continuous playback.
This approach can maintain a seamless and smooth streaming
utilizing high underflow-threshold with buffer size as tens of

seconds [3]. However, in live streaming, large buffer size,
i.e. (o, will introduce long initial buffering delay, leading
to dissatisfactions of users. On the other hand, the difference
between the two thresholds causes dilemma: if the difference is
great, interruptions may occur when the bandwidth fluctuates
remarkably although smooth quality playbacks are promised;
when the value is small, the risk of buffer starvation decreases
while the quality may switch too frequent, harming user
experiences.

Aiming at providing a low latency service while balancing
the tradeoff between the quality switches and buffer starvation,
we propose a buffer based rate adaptation algorithm utilizing
dynamic underflow-threshold. When the buffer occupancy is
lower than the dynamic underflow-threshold 6, to avoid buffer
depleting and provide a continuous playback, the video bit-rate
should be selected no higher than the estimated bandwidth. As
is mentioned in section II, the client will never suffer from
overflow. However, an upper threshold is still significant for
achieving high bandwidth utilization. Obviously, high upper
threshold is recommended to provide smooth quality. Thus, the
upper threshold might as well be set as (Qo—7'. When the buffer
occupancy is higher than this value, a video bit-rate higher
than the estimated bandwidth can be selected. Besides, when
the buffer occupancy is located between the two thresholds, the
risk of buffer underflow is low, and the video bit-rate should
be kept unchanged so that smooth video quality is provided.

Specifically, assume that a video content is encoded into
N different video bit-rates, each of which is called as a
version, and let R; be the bit-rate of i-th level, satisfying
Ri < Rj,Vi < j. We define t; as the start time of download-
ing k-th segment, then ¢(t) stands for the buffer occupancy
when starting to download segment k. In live streaming, it
is worthy to note that if k-th segment is already available at
the server, than t; equals to the finish time of downloading
segment k£ — 1; otherwise, it should wait for a while until
the k-th segment is generated completely, that is, ¢, = k- T
Estimating available bandwidth ¢(k) is beyond the scope of
this paper and we simply use the average throughput of the
previous 5 segments. Therefore, the video bit-rate of segment
k, denoted by r(k), can be calculated as:

. < B .
{12%’5\,}{RZ|RZ <é(k)}, if qlty) <0
= 3 . > ~ . B
r(k) {lglgnN}{RJRl > ek)Y, i glts) > Qo—T
r(k —1), otherwise

3)

Our goal is to dynamically adjust the underflow-threshold
0, so that when the bandwidth fluctuates remarkably, it would
be raised up to avoid buffer underflow and if the bandwidth is
stable, 6 should be turn down to maintain smooth quality. In the
following sections, we analysis how to decide the threshold.

A. Dynamic Threshold

Modifying € by every second would consume large com-
putation resources and unnecessary. According to (3), if buffer
occupancy is over the upper threshold at the time starting
to download the k-th segment, ie. q(tx) > Qo — T, the
client will request video with bit-rate higher than the estimated
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bandwidth, leading to greater probability of underflow. Assume
the video bit-rate (k) is R ;. Hence, we update the underflow-
threshold 6 in this condition.

To smooth the video quality, as defined in (3), the client
will request the same bit-rate R ; till buffer occupancy becomes
smaller than the underflow-threshold. We further suppose that
the buffer occupancy will continue decreasing under quality
‘R; during a period of time in the near future, denoted by 7.
In this situation, the network capacity is supposed to be lower
than R;, namely:

1 tr+T1
1 / Cl)dt < R, @)

T Jt

Meanwhile, as the video rate stays at the same value R; for
7, the buffer dynamics can be derived as:

tp+71
a(t) — 0= / D )

We take into account the network throughput in the near future
7. Since we cannot obtain the precise throuput, we use the his-
tory network throughput, i.e. ft t:_T C(t)dt, to approximately
calculate this value. Last, as § < 0 makes no sense, we set

one segment duration as lower bound for  to prevent buffer
from underflow:

te+7
0 = max{T, /t (CR@ CDdt+ gt} (6)

k

B. Tradeoff between Smoothness and Continuity

Our model is in consideration of the tradeoff between
smoothness and continuity. Specifically, the rate adaptation
scheme should focus on continuous playback if the bandwidth
fluctuates dramatically, while a smooth quality playback needs
to be ensured when the network condition is stable. In re-
sponse, we could vary 7 according to the network condition.

To track the fluctuation level of bandwidth, we apply
coefficient of variance ), a standardized measure of dispersion
of a frequency distribution which is defined as the ratio of
the standard deviation to the mean. Using the throughput of
preivous n segments, A can be derived as:

\ \/n Doy Gh — (i cri)?
- E?:1 Ck—i

where ¢; is the throughput of segment i. A high value of A
stands for a fluctuating network condition while a small one
represents a stable bandwidth fluctuation.

)

Intuitively, a more dramatic fluctuating network condition
is corresponding to a smaller 7. Thus, 7 is a monotonically
decreasing function of the bandwidth fluctuation. Approxi-
mately, we can envision a constant bandwidth C with the buffer
decreasing from ¢(tx) to zero. According to (5), the max value
of 7 can be deduced as:

q(tx)

1—C/R, ®

Tmax =

There could be many potential function to describe the relation
between 7 and the network condition. We take exponential
function as an example:

T = Tmax * Of)\ (9)

where « is a constant between 0 and 1. Besides, the value
of A can be calculated at the same time when estimating the
available bandwidth.

IV. EXPERIMENTS

In this section, we evaluate the proposed rate adaptation
scheme using existing bandwidth trace dataset HSDPA [6].
Same as Netflix, the server provides five different versions
of video bit-rate R = {300,700, 1500, 2500, 3500} (Kbps).
According to DASH, each version of video is divided into
equal-length video segment. In this paper, we fix the length as
Is.

We extend the instant throughput based (ITB) method [2],
buffer-based (BB) method [4] and fixed threshold buffer based
(TBB) method [7] into live streaming. To make fair comparison
on the performance of different methods in the steady state
while obtaining a low startup delay in live streaming, all
methods are set to request the lowest bitrate in the startup
phase. In the steady state, for ITB method, the bit-rate is picked
as the maximal value which is just less than ¢ = 0.9 times
the measured segment throughput of the last segment. As for
BB method, we employ the function suggested by Huang et
al. [4]. For TBB, the underflow threshold is chosen as 1s,
focusing mainly on quality smoothness. These three methods
are in comparison with our dynamic threshold buffer based
(DTBB) method with a = 0.5, in terms of average bit-rate,
quality switch ratio (the percentage of times of quality switches
over total downloaded segments) and playback freeze ratio (the
percentage of the duration of playback freezes over the total
video streaming period).

We first evaluate the rate adaptation performance under
qo = 6s. Fig. 2 shows the CDF curve of different metrics over
the bandwidth trace dataset. As seen in Fig. 2(a), since ITB
method always chooses video bit-rate less than the measured
throughput, the playback buffer filling rate is faster than its
depleting rate. Due to the constraint of live segment generation,
the client will always choose a low bit-rate segment and wait
for the new one. It brings about the lowest average bit-rate
being nearly 500Kbps lower than other methods in 80% of
the conditions. In addition, as shown in Fig. 2(b), ITB method
is sensitive of bandwidth fluctuation, which makes it suffer
from the most fluctuating bit-rate. On the contrary, the TBB
method tries to maintain a high bit-rate as much as the buffer
allows since it will not switch to a lower quality version
unless the buffer occupancy is lower than the fixed underflow-
threshold, leading to fewer quality switches. Meanwhile, TBB
is so aggressive that playback freezes happen most frequently
as seen in Fig. 2(c). Our proposed method will not increase
bit-rate switches much, e.g. it only generates less than 14%
bit-rate switch ratio under about 80% of the conditions, but
the method can reduce playback freezes compared with other
buffer-based methods while holding similar average bit-rate. It
is necessary to realize that the bandwidth in HSDPA dataset
can be less than the lowest bit-rate in the dataset, so playback
freezes cannot be avoided completely.
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Fig. 2: Experiment results of different rate adaptation methods
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Fig. 3: Experiment results of different rate adaptation methods under different initial buffering length (o = {6, 8,10, 12}(sec))

Then, we evaluate the impact of initial buffering length
since it influences time delay in live streaming. As illustrated
in Fig. 3, ITB method remains nearly constant on video bit-
rate and bit-rate switch ratio due to its independence of buffer
occupancy. Apart from this method, longer initial buffering
length will produce fewer quality switches and playback
freezes since it introduces larger buffer size which is able to
tolerate throughput fluctuations. However, it increases end-to-
end latency. We can also observe that our proposed method
performs well in terms of the above factors.

V. CONCLUSION

In the new trend of HTTP adaptive streaming, various
adaptation methods have been developed. In this paper, we
have specifically studied the rate adaption problem under
Live streaming with small initial buffering delay. We first
present the client buffer model for live adaptive streaming.
We find out, in live streaming, the buffer will never suffer
overflow since the buffer has a upper bound which equals to
the initial buffering delay. Using this model, we proposed a
buffer based rate adaptation approach with a dynamic threshold
considering both the network fluctuation information and client
buffer occupancy. The approach reduces the number of rate
switches and maintains a seamless streaming which increases
the quality of experience for live viewer under low latency
requirement. The extensive experiments demonstrate that the
proposed approach outperforms the existing schemes in terms
of smoothness and continuity.
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