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Abstract 
 

In this paper, we address the channel zapping time problem of video streaming services 
based on HTTP Live Streaming (HLS) on smart Over-The-Top Set-Top Boxes (OTT STBs). 
Experimental analysis of the channel zapping time,  show that smart OTT STBs inevitably 
suffer from the accumulated zapping time through channel change request, Internet Group 
Management Protocol (IGMP) leave/join, synchronization delay, video buffer delay, and STB 
processing delay when providing HLS services. As a practical solution for the zapping time 
reduction, an adaptive buffering method is proposed. The proposed method exploits two 
adaptive buffers added to the basic HLS player. These two adaptive buffers are responsible for 
constantly buffering previous and next channels relative to the current channel. 
Implementation and test results show that a stable zapping time less than one second can be 
achieved even under diverse video bitrate changes and varying network conditions by the 
proposed adaptive buffering method. 
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1. Introduction 

The HLS standard was adoped by Apple for delivering video to mobile devices over 
varying bandwidths [1]-[2]. Adaptive streaming  was developed to enable delivery of audio 
and video to multimedia devices from a standard HTTP web server. HTTP Live Streaming 
(HLS) has rapidly become the de facto standard for multimedia streaming to smartphones, 
tablets, smart Over-The-Top Set-Top Boxes (OTT STBs), and diverse multimedia enabled 
devices. There are many smart OTT STBs on the market that support HLS, such as Apple TV, 
Roku 3, D-Link MovieNite Plus, and Boxee Cloud DVR [1]-[3].  However, the user 
experience that comes with HLS services on smart OTT STBs has been rather unsatisfying. 
Viewers expect the same level of user experience that comes with traditional television 
viewing in smart OTT STBs. However, users have been experiencing long zapping time 
delays when using HLS based services on smart OTT STBs. The zapping time or zap time is 
the duration of time from which the viewer changes the channel to the point that the picture of 
the new switched channel is displayed on the screen[4]. In this paper, a method for zapping 
time analysis for HLS based services on smart OTT STBs is presented. Based on the analysis, 
a solution to reduce the channel zapping time is proposed. The remaining of this paper is 
organized as follows. In Section 2, we address and analyze the channel zapping time problem. 
Section 3 describes the proposed adaptive burrering method. The implementation and test 
results of the proposed method as well as its performance analysis are provided in Section 4. 
Concluding remarks are commented in Section 5. 

2. Analysis of Channel Zapping Time on Smart OTT STBs  
In analog TV broadcast and cable technology, channel change is almost instantaneous since 

it only involves the TV receiver tuning to a specific carrier frequency, demodulating the 
content and displaying it on the TV screen. The zapping delay in these systems is typically less 
than 200 ms. Therefore, TV viewers consider zapping times to be virtually instant, and have 
become used to this surfing (through channels) experience. However, with the introduction of 
digital video broadcasting or streaming which includes content compression, zapping times 
have increased significantly [5]. 
 

 
 

Fig. 1. Channel change procedure and zapping time delay on smart OTT STBs 
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Fig. 2. Experimental measurements and analysis of channel zapping time for  HLS services 
 

In IPTV/OTT video delivery, contrast to cable networks, for instance, typically only the 
channel the user is watching is delivered to the set-top box (STB) at any one time. This is due 
to bandwidth limitations in the access network. When a user switches to a new channel, the 
STB has to issue a new channel request towards the network. Since video distribution is done 
via multicasting, this is translated into leave/join multicast requests. These operations are 
handled by a group management protocol, IGMP (Internet Group Management Protocol) [5]. 

The smart OTT STB sends a leave request from the current multicast session (the TV channel 
the user is currently watching) and a join request to the new multicast group (the TV channel 
the user is switching to). This channel change request reaches the first upstream network node 
that has the channel available and the routing infrastructure sets up the multicast forwarding 
state to deliver the packets of the multicast session to the STB. 

After the STB receives the first set of packets from the recently joined multicast group, there 
is still a time lag before it can start consuming the audiovisual data because the STB must wait 
for the next I-frame before it can start decoding the content. The maximum synchronization 
delay is equal to the duration of the Group of Pictures (GOP) [6]-[7], which occurs when the 
STB just misses the start of an I-frame and thus has to wait for the next. On average, this delay 
is half the GOP duration. Therefore, synchronization delay comprises a substantial portion of 
the channel change time (recall that GOP duration is typically in the range of 1 to 2 seconds) 
[8].  

Many video services also employ content encryption, so the encryption keys must be 
acquired and provided to the decryption engine for decrypting the content, and this also adds to 
the synchronization delay [5]-[8]. 

Therefore, adaptive bitrate design for reducing the zapping time of HLS based services in 
smart OTTs can be challenging, especially if many different encoding profiles are required 
[13]-[16]. Even for small, standalone OTT deployments, flexibility is required in the encoding 
solution. For hybrid IPTV and OTT deployments, which have larger subscriber bases, 
scalability for adaptive stream buffering is challenging [18]-[20]. 

In this paper, a smart OTT is designed to meet the live multicast and adaptive bitrate (ABR) 
encoding challenge by using HLS based on dynamic bitrate design of adaptive stream 
buffering. 

3. Proposed Adaptive Buffering Method  
Zapping time is assossiated with channel transition, STB tuner operation, STB stream 

server, HLS streaming, and video presentation [8]-[12].  
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Fig. 3. Design and implementation of HLS based adaptive streaming on smart OTT STBs 
 

In oder to optimize adaptive bitrate on smart OTTs, HLS based adaptive streaming mode is 
designed as shown in Fig. 3. The analysis of zapping time is proposed with a proxy as shown 
in Fig. 4. 

 

 
 

Fig. 4. Zapping time analysis on smart OTT STBs with proxy 
 

3.1 Design of Single Buffering 
Single buffering is a buffer structure that provides dynamically seamless natural media 

conversion among multiple media streams in the same channel. The sequence of operations 
and the framework structure of single buffering are shown in Fig. 5. 

As a first step, a media is created and prepared for the media channel. The listener for 
playing the media is also registered. The audio and video media types are set and media starts 
playing. An m3u8 type of media streaming HLS address is needed for media configuration. An 
HLS Streaming Server is needed for streaming. In addition, a media address needs to be 
assigned for each bitrate to enable dynamic buffering. These addresses must be defined in the 
m3u8. 
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Next, before the end of the current media segment, a media player is created for the next 
media segment, which involves listener registration for media play, audio/video media type 
setting, and proceeding all the way to “Prepare” state. If onPrepared is called when the media 
becomes ready for one of the registered listeners, the setNextMediaPlayer of the first media is 
called, and the next media player is registered. The point of next media player generation can 
be set freely depending on system capabilities. 

Assuming that the second media’s “Prepare” is completed during the first media play and 
the setNextMediaPlayer of the first media is normally set, if the first media is finished, then the 
registered second media starts automatically, enabling fast and natural media transition. If the 
first media is finished, but a media loop is created so that the first media starts replaying, the 
next media maintains “Prepare” without playing, and the first media starts again. 
 

 
 

Fig. 5. Design of single buffering 

3.2 Design of Adaptive Buffering 
Adaptive buffering is a buffer structure that allows dynamic, natural, and fast media 

conversion in multiple media channels. Multiple adaptive buffering provides the design and 
optimization of a buffering structure that minimizes the buffering time to enable fast channel 
transition when different media channels are dynamically played. The operation involves 
adaptive buffering of the previous and next media channels relative to the current media 
channel to enable fast transition when media transition occurs. For services that involve 
operation of multiple media channels, the proposed method can improved the quality of 
service by providing fast channel transition and used as a model for efficient bandwidth 
management. The sequence of operations and the framework structure of multiple buffering 
are shown in Fig. 6. 

A media is created and prepared for the media channel. The listener for playing the media is 
registered, the audio/video media types are set, and media play is started. An m3u8 form of 
media streaming HLS address is needed for media configuration, and an HLS Streaming 
Server is needed for streaming. In order to enable dynamic buffering, each bitrate has to have 
an address which needs to be defined in m3u8. 

At the point of current media generation, the media players for previous channel and next 
channel media play are generated. The listeners for playing the media are registered, the 
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audio/video media types are set, and the process is continued until “Prepare” state. If 
onPrepared is called when the media becomes ready for one of the registered listeners, the 
setNextMediaPlayer and setPrevMediaPlayer of the first media are called, and the 
next/previous media players are registered. 

If the user requests channel transition to the previous channel, the media registered to 
setPrevMediaPlayer is automatically played. If the user requests channel transition to the next 
channel, the media registered to setNextMediaPlayer is automatically played. 

If channel transition to previous/next channel is completed, the next and previous channels 
based on the current channel are registered using setNextMediaPlayer and 
setPrevMediaPlayer, and the previous existing media are deleted. 

 

 
 

Fig. 6. Architecture design of adaptive buffering 
 

Buffering reduces the smart OTT system sensitivity to short term fluctuations in the data 
arrival rate by absorbing variations in end-to-end delay and allow margins for retransmissions 
when packets are lost. There are three other reasons to buffer incoming packets before 
forwarding them to the decoder as shown in Fig. 7 [8].  
 

 
Fig. 7. Role of the client in HTTP ABR streaming on smart OTT 
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4. Implementation and Test Results 
In order to apply adaptive buffering, two buffers are added to the basic HLS player, each 

responsible for constantly buffering the previous and next channels relative to the current 
channel [10]. This reduces the buffering delay after an HLS request, i.e., channel zapping time, 
when a channel switch event is triggered. The setup for the experiment is as shown in Table 1. 
In the experiment, three videos are each encoded at bitrates of 3M, 6M, 10M, 15M and 20M, 
and the zapping delay is measured during a channel switch [17].  
 

Table 1. Experimental Environment Setup 
Devices Specifications 

STB 
Smart OTT 

Hisilicon hi3719M Dual Core CPU based STB 
RAM 1Gbyte 
Ethernet 10/100-T 

WiFi_AP 
KAON AR3010 
802.11 a,b,g,n,ac support 
Network Bandwidth control (QOS) support 

HLS Server WowzaMediaServer 3.6.2 
HLS, RTP, VOD Streaming Support. 

Channel 
Information 

Channel #1 
Animation 
Running Time : 2m20s 
Bitrate 3M, 6M, 10M, 15M, 20Mbps 

Channel #2 
Animation 
Running Time : 3m27s 
Bitrate 3M, 6M, 10M, 15M, 20Mbps 

Channel #3 
Flight Video 
Running Time : 4m18s 
Bitrate 3M, 6M, 10M, 15M, 20Mbps 

 

4.1 Zapping-time Analysis of Varying Network-bandwidths on Smart OTT STB 
The bitrate for each video is set to 6M. The zapping time is measured by changing the 

network bandwidths from the router. Measurements show that the zapping time for the STB 
with adaptive buffering is less than 1 sec as shown in Figs. 8 to 10. On the other hand, the 
zapping time for the STB using single buffering was as high as 40 sec. The time decreased to 
below 2 sec as bandwidth increased, but this is still nearly two times higher than the zapping 
time of the STB with adaptive buffering.  

The channel changing time is calculated using (1) as follows: 
 

T = Tbuff x R / B                                    (1) 
 
where T is time interval of channel changing, Tbuff is the video buffer time in STB Media Player 
(fixed at 5 sec), R is the video bitrate, and B is the bandwidth. The bandwidth can be changed 
in the WiFi_AP. The estimation results from (1) are used to compare with the experimental 
results. 
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Fig. 8. Zapping time for switching from channel #1 to #2 by changing the network bandwidths 
 

 
 

Fig. 9.  Zapping time for switching from channel #2 to #3 by changing the network bandwidths 
 

 
Fig. 10. Zapping time for switching from channel #3 to #1 by changing the network bandwidths 
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No major differences were observed in zapping time for the different types of video, as seen 
in Figs. 11 and 12. Since the HLS server and the test environment are connected through 
Internet, unusually long zapping times were measured in some test cases, which is in 
accordance to the network environment. 
 

 
 

Fig. 11. Single buffering zapping time of channels by changing the network bandwidths 
 
 

 
 

Fig. 12. Adaptive buffering zapping time of channels by changing the network bandwidths 
 

4.2 Zapping-time Analysis of Varying Video Bitrate on Smart OTT STB 
From the network bandwidths variation tests, it was observed that when the bandwidth is 

greater than 20 Mbps, there are no significant differences in zapping time. Therefore, the AP’s 
bandwidth was set to a constant 20 Mbps, and the zapping time was measured by changing the 
video bitrate. To obtain accurate results, the zapping time was measured 3 times for each stage. 
Figs. 13 to 15 show the average of the measured zapping times. 
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Fig. 13. Zapping-time analysis of switching from channel #1 to #2 by changing the video bitrate 
 

 
 

Fig. 14. Zapping-time analysis of switching from channel #2 to #3 by changing the video bitrate 
 

 
Fig. 15. Zapping-time analysis of switching from channel #3 to #1 by changing the video bitrate 

 
It can be observed that the zapping time for the single buffer increases linearly when video 

bitrate is changed. However, the zapping time for STB with adaptive buffering is nearly 
unaffected by changes in video bitrate. The zapping time for the different video bitrates are 
shown in Figs. 16 and 17. 
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Fig. 16. Zapping-time analysis of channels by changing the video bitrate on single buffering 

 

 
Fig. 17. Zapping-time analysis of channels by changing the video bitrate on adaptive buffering 

 
The results from Figs. 16 and 17 show that there are no significant differences in zapping 

time for the different video types. Through the above series of experiments, it was proven and 
verified that a stable zapping time less than 1 second can be provided by using adaptive 
buffering, even under diverse video bitrate changes and varying network conditions.  

5. Conclusion 
In this paper, an adaptive buffering method was proposed to reduce the zapping time of HLS 
based streaming services in smart OTT STBs. The inclusion of buffers resulted in zap times of 
less than 1 sec, which is tolerable by the viewer. Adaptive stream buffering is proposed for the 
dynamic bitrate of HLS from the different frames encoded at different data rates. Since the 
network flow is typically constant bitrate (or capped variable), the mismatch between the input 
and the output of the encoder is solved with the inclusion of a smoothing buffer: in an IP 
network traffic is asynchronous, so packets have to wait in buffers. While the amount of 
protection offered by a buffer grows with its size, so does the latency it introduces. 
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