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Dynamic adaptive streaming over HTTP (DASH) has been
widely deployed. However, large latency in HTTP/1.1 cannot
meet the requirements of live streaming. Data ⁃ pushing in
HTTP/2 is emerging as a promising technology. For video live
over HTTP/2, new challenges arise due to both low⁃delay and
small buffer constraints. In this paper, we study the rate adap⁃
tion problem over HTTP/2 with the aim to improve the quality
of experience (QoE) of live streaming. To track the dynamic
characteristics of the streaming system, a Markov ⁃ theoretical
approach is employed. System variables are taken into ac⁃
count to describe the system state, by which the system transi⁃
tion probability is derived. Moreover, we design a dynamic re⁃
ward function considering both the quality of user experience
and dynamic system variables. Therefore, the rate adaption
problem is formulated into a Markov decision based optimiza⁃
tion problem and the best streaming policy is obtained. At
last, the effectiveness of our proposed rate adaption scheme is
demonstrated by numerous experiment results.
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I
1 Introduction

n recent years, dynamic adaptive streaming over
HTTP (DASH) has been widely adopted for providing
uninterrupted video streaming service to users with dy⁃
namic network conditions and heterogeneous devices

[1], [2]. Contrary to the past Real⁃Time Transport Protocol/Us⁃
er Datagram Protocol (RTP/UDP), the use of HTTP over Trans⁃

mission Control Protocol (TCP) greatly simplifies the traversal
of firewalls and network address translators (NAT) which can
be easily deployed within content delivery networks (CDN).
Moreover, the rate adaption scheme is one of the most essential
components to improve the streaming quality. By far, many
rate adaptation schemes have been designed for DASH, includ⁃
ing bandwidth⁃based rate adaption schemes and buffer⁃based
rate adaption schemes [3], [4]. Akhshabi et al. [1] compared
rate adaption for three popular DASH clients: Netflix client,
Microsoft Smooth Streaming [5], and Adobe Open Source Meda
Framework (OSMF). The conclusion in [1] indicates that none
of the rate adaptation is good enough.

On the other hand, to track the dynamic characteristics of
streaming system, Markov theory has been shown to be effec⁃
tive [6]-[8]. Regarding the work by García’s et al. [6], they use
Stochastic Dynamic Programming (SDP) optimization to solve
the rate adaption problem for DASH. In which, the cost func⁃
tion is designed to stable the buffer occupancy at a certain lev⁃
el, leading to frequent video bitrate fluctuations. In [9], rate se⁃
lection is performed offline by a Markov Decision Process
(MDP) assuming that the available bandwidth can be estimated
using a transition matrix. Applying the model online, however,
may result in inaccurate estimation due to unpredictable char⁃
acteristics of network conditions. This work is further extended
in [7] and [10].

However, most of existing works focus on Video on Demand
(VoD) service, and they are not suitable for live streaming
where low latency is required. Moreover, by adopting HTTP/2,
a low end⁃to⁃end latency can be ensured because multiple vid⁃
eo fragments can be pushed to clients by a single request [11],
[12]. This has been demonstrated by Wei et al. [13] based on
their multiple experiments on video streaming over HTTP/2.
As for the rate adaptation in live streaming, some new challeng⁃
es arise; for example, the low start ⁃ up delay is required, and
the bandwidth variation cannot be smoothed by setting a large
buffer.

In this paper, we study the rate adaptation problem for live
streaming over HTTP/2. Similar to [6], the Markov theory is ap⁃
plied to analyze the dynamic characteristics of the system and
the rate adaptation problem is formulated into an optimization
problem. To track the dynamic characteristics of the streaming
system, several system variables are used to describe the sys⁃
tem state, including video rate, buffer occupancy, available
bandwidth, playback deadline and download time for each seg⁃
ment, and then the system transition probability is derived.
Moreover, a dynamic reward function is designed under three
scenarios of buffer occupancy to meet the requirement of user
experience. The experiments done by bandwidth trace have
shown that our proposed algorithm can provide a smooth and
high video rate while guaranteeing a continuous video playback.

The rest of the paper is organized as follows. Section 2 pres⁃
ents the overview of Markov Decision based rate adaptation.
The system state is introduced and the state transition probabil⁃This work was supported in part by China“973”Program under Grant No.
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ity is derived in Section 3. In Section 4, the dynamic reward
function is described. At last, we show experiment results in
Section 5, and conclude the paper in Section 6.

2 Markov Based Rate Adaptation
In this paper, we propose a Markov based rate adaption ap⁃

proach. First, we define system state at stage k as uk , whichhas taken into account several system variables. An action akis defined at stage k , denoting a specific bitrate that is as⁃
signed for segment k + 1 . After taking action ak , the system
state transfers from uk to uk + 1 , i.e.,
uk = f (uk,ak) . (1)
Due to the stochastic nature of the system, it can be charac⁃

terized in terms of conditional probability distribution among
states, that is, P(uk + 1|uk,ak) which is the transition probability
from uk to uk + 1 under action ak .On the other hand, in order to evaluate how good an action
is, a reward function is also designed and the reward of action
ak or state uk is defined as R(uk,ak) . Then, the long⁃term re⁃
ward can be written as:
V(uk,ak) =∑

{ }uk + 1

P(uk + 1|uk,ak) ∙ (R(uk,ak) + γV(uk + 1,ak + 1)) , (2)
where V(uk,ak) calculates the sum of the rewards of all the pos⁃
sible next state uk + 1 and 0 <λ < 1 is a future discount rate
that controls how much effect future rewards have on the deci⁃
sion at the current stage.

The streaming policy π is a mapping between system state
uk and action ak .Obviously, finding the optimal strategy poli⁃
cy π*(uk) which can maximize (2) is the goal of MDP. There⁃
fore, our rate adaptation task can be finally formulated as an
optimization problem:

π*(uk) = argmax
ak

V(uk,ak) . (3)
The detailed definition and analysis of the MDP is formulat⁃

ed mathematically in the following section.

3 State Transition Probability
In this section, we introduce the system state in detail and

its transition probability. At stage k , the k⁃th segment ispushed to the client. Different from VoD service, in a live
streaming scenario, media segments are available only after
they have been generated. To reveal this feature, we have con⁃
sidered the playback deadline and the arrival time of each seg⁃
ment, and the system state is defined as:
uk ={qk,vk, t̂k, tk,bwk} , (4)

with each parameter stands for buffer occupancy, video bitrate,
playback deadline, actual arrival time, and available band⁃
width respectively. Given state uk , an ak action is taken to se⁃

lect the video rate for the next segment, i.e., vk + 1 = ak(uk) .Note, if the segment is not available at the server side, a wait
action will be taken.

The buffer occupancy qk denotes the buffer level when seg⁃
ment k is just completely downloaded, and it is measured in
second. It increases when a segment is pushed from the server
and descends when segments are consumed by playing. There⁃
fore, the buffer occupancy evolution can be written as:
qk + 1 = max{ }qk + Ts - vk + 1∙Ts

bwk + 1
,0 , (5)

where Ts is the duration of one segment.
For parameters t̂k and tk , they are used to characterize the

time attributes of each segment. Moreover, we define Td as the
start⁃up delay, the playback deadline of segment k + 1 can be
written as:
t̂k + 1 =(k + 1)∙Ts + Td . (6)
On the other hand, in live streaming, a segment is pushed to

the client as soon as the previous segment has been totally sent
out. Therefore, the actual arrival time of segment k is deter⁃
mined by both the previous segment arrival time tk and the
transmission duration of segment k :
tk + 1 = tk + vk + 1∙Ts

bwk + 1
. (7)

Generally, it is difficult to estimate the statistic of the band⁃
width accurately. However, it has been widely known that the
Markov channel models are useful tools to describe the varia⁃
tions of bandwidth. Thus, we also apply the Markov model to
describe the available bandwidth. According to the Markov
property, the state at any time instance only depends on its pre⁃
vious state. Considering for taking an action under a certain
state, all the factors in the next system state can be calculated
using (5)-(7) except bandwidth itself. Therefore, given a previ⁃
ous state uk and an action ak , the transition probability of the
MDP is related to the transition probability of bandwidth which
can be given as:

P(uk + 1|uk,ak) =P(bwk + 1|bwk) . (8)

4 Dynamic Reward Function
In this section, we propose a reward function to measure

how good an action is. Previous works [6]-[8] pointed out sev⁃
eral factors that have impacts on user experience. In this pa⁃
per, four system factors have been considered, including video
rate and its smoothness, buffer occupancy, and playback dead⁃
line constraint. The impact of these factors on user experience
is denoted by R1,R2,R3,R4 respectively. Then, the reward for
an action can be evaluated by

R(uk,ak) = aR1 + bR2 + cR3 + dR4 , (9)
where a,b,c,d are weights for each factors.
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In the following, we will derive the four reward functions in⁃
cluded in R(uk,ak) under three scenarios, since the factors a
user concerns are generally different under different streaming
scenarios.
4.1 Scenario 1: qk < Ts

When the buffer occupancy is lower than Ts , i.e., the seg⁃
ment duration, the risk of buffer underflow is high. In this
case, a low bitrate is preferred so as to avoid playback freeze.
From the video quality perspective, the reward value gained
from the video rate obeys the logarithmic relationship and R1is defined as:

R1 = ln(vk -Bmin + ε) , (10)
where Bmin is the lowest available bitrate and ε is an arbi⁃
trary small positive number. On the other hand, rate switch
among continuous segments will bring negative effect on user
visual perception. Therefore, the smoothness of video rate on
user experience R2 can be presented as:

R2 = ln(|vk - vk - 1| + ε) . (11)
At last, when qk < Ts , more attention should be paid to

avoid buffer underflow. One of the most effective method is to
select the lowest bitrate. Therefore, we can simply define R3and R4 as:

R3 = -∞ , (12)
R4 = -∞ . (13)

4.2 Scenario 2: qk > qhigh

We predefined a threshold qhigh used to avoid buffer over⁃
flow. When the buffer occupancy is larger than qhigh , the risk
of buffer overflow is high and the risk of buffer underflow is
low. In this case, a high rate is preferred. For the video rate
and its smoothness on user experience, they are defined the
same as Scenario 1. For buffer occupancy, we prefer to select a
video rate that can drag the buffer occupancy to be no higher
than qhigh , and R3 is written as:

R3 = qhigh - qk . (14)
At last, R4 measures the difference between the downloadtime and playback time. When t̂k > tk , some video segmentshas been buffered. On the other hand, if t̂k < tk the buffer isempty and playback freeze happens. Therefore, we can define

R4 as:
R4 ={t̂k - tk, t̂k - tk ≥ Ts-∞, t̂k - tk < Ts

. (15)

4.3 Scenario 3: Ts ≤ qk ≤ qhigh

When buffer occupancy satisfies Ts ≤ qk ≤ qhigh , i.e., the
buffered video time is between one segment duration and the
overflow threshold, the risk of both buffer overflow and under⁃

flow is low. The video rate and its smoothness on user experi⁃
ence are defined the same as in Scenarios 1 and 2. For buffer
occupancy, we prefer to select a video rate that can keep the
buffer occupancy stable in range of [Ts, qhigh] and R3 is wri⁃
tten as:

R3 = Ts + qhigh

2 . (16)
R4 here is simply computed as the same as that in Scenario 2.

5 Experiments
In our experiment, same with Netflix, the server provides

five different versions of video bitrates {300 kbit/s, 700 kbit/s,
1.5 Mbit/s, 2.5 Mbit/s, 3.5 Mbit/s}. Each version is an equal ⁃
length segment, with the length of 0.3 s. For the start⁃up delay,
we set Td = 2 s which is the length of seven segments. This set⁃
ting can not only ensure a low startup delay, but also provide a
continuous video playback as will be shown in the experiment
results. For the buffer overflow threshold, we set qhigh = 1.8 s , i.
e., the length of six segments, which can be used to avoid that
the buffered video time is higher than initial buffered video da⁃
ta so as to switch to a higher video rate. For performance com⁃
parison, we extend the previous SDP ⁃ based rate adaption
scheme proposed in [6] to deliver live content using a regular
request ⁃ response mode for requesting the video segment one
by one. We also implement the bandwidth based K ⁃ Push
scheme [13] where the client issues a request every K seg⁃
ments with the same rate. We evaluate the three rate adapta⁃
tion schemes on real⁃world bandwidth trace. For our proposed
method, the state is updated according to environment change
and the best action has been chosen for deciding the video bi⁃
trate.

We first evaluate the difference between the playback dead⁃
line and download time of each segment in our scheme. The re⁃
sult is shown in Fig. 1. From the result we can find that when
Td = 2 s , the time difference for all segment is higher than zero,
i.e. no playback freeze happens. On the other hand, whenever
the time difference is high (approach to 1.8 s), it will quickly

▲Figure 1. Time difference between the playback deadline and
download time.
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decrease. This is because high time difference means the seg⁃
ment needs to wait for a long time before being played. There⁃
fore, a high video rate can be selected.

At last, we compared the performance of all the three
schemes. The results (Fig. 2) demonstrate that the video rate
follows the principle of designing reward function well and that
the rate decreases when buffer occupancy is low thus prevent⁃
ing playback freeze. Moreover, smoothness is focused if buff⁃
ered video is adequate to keep continuous video playback.
Compared with the SDP approach, our proposed scheme ob⁃
tains a much smoother video rate. This is because in the SDP
approach, the reward function is designed to stabilize the buf⁃
fer occupancy without considering the smoothness of video rate
well. From Fig. 2b we can find that the video rate is mainly
switched between 1.5 Mbit/s and 2.5 Mbit/s in the SDP ap⁃
proach, and there are also a few segments whose rate are as⁃
signed to be 700 kbit/s or 300 kbit/s due to the low buffer occu⁃
pancy. At last, when compared with the bandwidth based K ⁃
Push scheme, we can find that both have close performance on
the smoothness of video rate. This is mainly because in the
bandwidth based K⁃Push scheme, consecutive K segments are
assigned the same video rate and bandwidth variations can be
smoothed well. However, since video rate is switched every K
segments, the bandwidth based K⁃Push scheme is insensitive
to bandwidth variation and playback freeze happens as Fig. 2d
shows.

5 Conclusions
In this paper, we have studied the rate adaption problem for

live streaming over HTTP/2 by the Markov theory. To track the
dynamic characteristics of the streaming system, we have de⁃
fined a system state and several system variables are taken in⁃
to account, including video rate, buffer occupancy, available
bandwidth, playback deadline, and download time for each seg⁃
ment, and then the system transition probability is derived. We
also have designed a dynamic reward function considering
both the quality of user experience and dynamic system vari⁃
ables. Therefore, the rate adaption problem is formulated into a
Markov decision based optimization problem and the best
streaming policy is obtained. At last, the experiments by band⁃
width trace have demonstrated the high effectiveness of our
proposed rate adaption scheme.

c) Proposed

▲Figure 2. Performance comparison. a)-c) are video bitrates of three rate adaption approaches; d)-f) are buffer occupancy of three rate adaption
approaches.
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