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ABSTRACT 

 
A novel cross-layer scheduling and stream switching 
algorithm for content and channel adaptive video 
streaming over 1xEV-DO (CDMA-HDR), where stream 
switching is done according to the receiver buffer level is 
presented. The instantaneous transmission rate to each 
user is determined by a multi-objective optimized 
scheduler, maximizing network throughput and individual 
receiver buffer levels simultaneously, while the 
instantaneous coding rate for each user is determined 
according to buffer status feedback. The transmitter 
always switches to the most suitable pre-optimized 
bitstream with minimum delay and visual distortion 
calculated for various channel capacity values and under 
constant bitrate assumption. The main target of the 
proposed framework is to guarantee continuous playout of 
the transmitted content at all user devices while providing 
maximum system throughput, minimum overall distortion 
and minimum pre-roll delay. Experimental results show 
that decoder buffer overflows and underflows that cause 
pauses in the playout are prevented as opposed to the case 
without stream switching. 

 
1. INTRODUCTION 

 
Due to present developments in wireless communication 
and mobile device technologies, finding efficient ways of 
data transmission over low-bandwidth systems has now 
become a very hot research topic. As a result of the vast 
customer demand, one of the most popular applications of 
this research area is the streaming of video content over 
low capacity variable bitrate (VBR) channels, in which, 
abrupt channel variations leading to buffer underflows 
and/or overflows are quite probable, as opposed to its 
constant bitrate (CBR) counterpart. Since these buffer 
violations lead to undesired pauses during video playout at 
the receiving side, it is a far more difficult task to provide 
continuous playout for VBR channels, which constitute 

most of the real-life communication systems. Therefore, 
system specific and careful management of channel 
resources is required, especially for the VBR case.  

Thus far, several streaming methods that try to 
provide continuous playout of received video have been 
introduced in the literature. In [1], we presented a content-
adaptive delay-distortion optimization (DDO) framework 
that minimizes overall distortion and pre-roll delay (pre-
buffer time) necessary for continuous playback at the 
client side, under maximum distortion and maximum 
buffer size constraints for CBR channels. The pre-roll 
delay, i.e. the initial waiting time to pre-fetch video data, 
can not be kept too long as it is limited by the receiving 
buffer size. In [1], the group-of-pictures (GoP) were 
defined to match shot boundaries determined by content 
analysis and an appropriate relevance level was assigned 
to each GoP according to user’s choices. 

The number of actions that can be taken at the 
receiving side for continuous playout is very limited. The 
adaptive media playout (AMP) framework described in [2] 
adaptively changes the video play-back speed at the 
decoder side according to the instantaneous buffer status 
and channel state. In that work, buffer underflows are 
postponed or not permitted by decreasing the playout 
speed of the present data stream at the decoder buffer, 
whenever there is a shortage in the buffer occupancy level 
of the decoder. Likewise, foreseen buffer overflows are 
prevented by increasing the video playout speed. The 
AMP algorithm can also be used in improving the rate-
distortion (R-D) optimized video streaming performance 
as shown in [3]. On the other hand, the AMP algorithm 
alone is not enough to solve the playout interruption 
problem encountered in VBR channels. Especially when 
there are frequent packet losses in the network, there is a 
limit to the extra playout time that can be achieved by 
using AMP. Therefore, the AMP framework behaves weak 
against long term performance sufferings, and decoder 
buffer underflow or overflow occurs sooner or later. 
Buffer underflow causes the decoder side to re-buffer data 
so that a required level of buffer fullness is again achieved. 



In cases of network congestion, if the encoding rate is not 
lowered to a proper level, the congestion gets worse. In 
order to maintain TCP friendliness [4], the channel 
resource sharing algorithm that the encoder side uses has 
to avoid flooding the communication network. 

In this paper, a cross-layer, TCP friendly framework 
for streaming over variable bitrate (VBR) channels (i.e. 
CDMA-HDR, 1xEV-DO standard) considering fair slot 
scheduling and source coding issues simultaneously is 
presented. For each pre-assumed channel condition, the 
proposed method employs delay-distortion optimization 
(DDO) technique of [1] for joint optimization of encoding 
rate and coding parameters under maximum distortion per 
GoP, maximum buffer size and continuous playback 
constraints. After this, according to the behavior of the 
varying channel conditions and buffer status of each user 
logged on in the network, a scheduling policy and a stream 
switching strategy maximizing the overall quality of 
experience (i.e. continuous playout, maximum visual 
quality, minimum pre-roll delay) is given.  

The paper is organized as follows: The multi-
objective optimization formulation used in the CBR case 
is described in Section 2. The proposed scheduling 
algorithm is presented in Section 3 and the proposed 
stream switching policy is explained in Section 4. The 
improvements gained over the content adaptive solution 
using the standard H.264 [5] encoder are shown with 
experimental results in Section 5. Finally, discussions are 
made in Section 6.   
 

2. OPTIMIZATION FORMULATION FOR THE 
CBR CHANNEL 

 
In the proposed framework, the communication channel 
capacity is quantized into a number of throughput levels 
(L) to come up with different bitstreams that are optimized 
for the quantized average bitrates. Assume that the input 
video is divided into N semantically defined temporal 
segments manually or using one of the automatic video 
content analysis techniques in the literature [6]-[9]. 
Semantic analysis and temporal segmentation of the input 
video is beyond the scope of this paper. The encoding 
parameters of the N temporal segments are optimized for 
each of these L throughput levels, by using the delay-
distortion optimization (DDO) framework of [1] for CBR 
channels.  

The DDO formulation that minimizes the pre-roll 
delay (TP) and overall distortion (D) for the kth (1 ≤ k ≤ L) 
throughput level (Bk) is given by: 
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Here, Ri

j, Di
j and TDi stand for the ith temporal 

segment’s (shot’s) encoding bitrate, visual distortion and 
time duration, respectively. Buffer_Size denotes the 
available client buffer size. 
 

3. SCHEDULING ALGORITHM 
 

The recent 1xEV-DO (IS-856) system is a VBR packet 
switched network, in which, all channel resources are 
dedicated to only one user at a time (the user with the best 
channel conditions). SNR feedbacks received from 
individual users logged on in the system are used to 
determine the maximum transfer rate for that specific user 
in a given time slot. In this system, the quality of video 
segment received by each user can be drastically improved 
by employing cross-layer optimized time slot scheduling 
and stream switching between previously optimized 
bitstreams. 

As shown in [10], in order to maximize the overall 
channel throughput in a multi-user wireless system, all the 
transmission power must be dedicated to one user at a time 
in a time-multiplexed manner. In 1xEV-DO, scheduling 
intervals (Ts) are defined to be 1.667 msec. Such a time 
slot scheduling method is called opportunistic multiple 
access scheme. Although this scheme is optimal in terms 
of channel throughput, its performance is quite poor in 
terms of service fairness, since a user with relatively bad 
channel conditions is likely to suffer from long durations 
of not being served. 

In order to prevent unfairness, other scheduling 
algorithms that give priority to the users whose QoS 
requirements have not been met for a long time, such as 
the proportionally fair (PF) scheduler and exponential 
scheduler were introduced [11]. Another scheduling 
algorithm for the HDR system that offers better statistical 
QoS guarantees is presented in [12]. In [13], we 
introduced the multi-objective optimized (MOO) 
scheduler, where the buffer status of each user (Bj(t)) is 
continuously monitored via decoder buffer feedback and 
the user with the best compromise among the maximum 
throughput and minimum buffer occupancy is scheduled at 
all time slots. The overall performance of the MOO 
scheduler was found to be much higher than the above 



state-of-the-art schedulers in terms of channel throughput 
and fairness issues. In the proposed technique, MOO 
scheduler is used along with the stream switching strategy 
whose details are drawn in Section 4. The AMP technique 
described in [2] and [3] can easily be incorporated into 
this framework. 

 
4. STREAM SWITCHING 

 
Assume that the kth bitstream is being transmitted to the 
receiver i at time t. If the channel throughput of user i 
experiences a long enough shortage, the decoder buffer 
occupancy level decreases. After the buffer level goes 
below a certain threshold, Thk_AMP, AMP technique is used 
to avoid buffer underflow. In case the use of AMP does 
not increase the buffer level, after the buffer level goes 
below a second threshold, Thk_lowRate, the encoder side 
switches to one of the pre-optimized bitstreams encoded at 
a lower bitrate than bitstream k, in order to provide 
continuous playout at the decoder side. If the reverse 
happens and channel conditions get better for the ith user 
and its buffer level exceeds a certain value (Thk_highRate), 
the transmitter switches to another optimized bitstream 
encoded at a higher average bitrate, avoiding buffer 
overflow. 

An example switching scenario across bitstreams is 
demonstrated in Figure 1, where there are three different 
channel throughput levels (L=3). When bitstream 
switching happens, the transmitter starts sending the new 
bitstream beginning with the last I, SI or SP frame (for 
H.264 encoder) prior to the current frame, while the 
decoder side continues playout of the already available 
visual information from the previous bitstream. The choice 
of new bitstream to be transmitted is made according to 
the current decoder buffer status. 
 

 
Figure 1. Stream switching across bitstreams according to buffer 

status.  
 

5. EXPERIMENTAL RESULTS 
 
We divided a 1500-frames long (60 seconds long and 25 
frames per second) soccer video sequence into 12 
semantically defined shots using the technique given in 
[6], and encoded optimally at 43 kbps, 63 kbps and 83 

kbps (Figure 1) using the DDO framework of [1] for three 
distinct throughput values.  

In order to determine the instantaneous channel SNR 
(channel throughput) for each user at all times, the 
physical layer simulations were carried out using the 
Advanced Design System (ADS) of Agilent Technologies. 
In [13], we had shown that the MOO scheduler performs 
better in terms of continuous playout even without the 
stream switching. Here we show that the results are further 
improved with decoder-buffer-aware stream switching. For 
the non-stream switching case, the second stream (k=2) 
whose average bitrate is 63 kbps was transmitted. The 
average bitrate over 32 users for the stream switched (43, 
63 and 83 kbps as in Figure 2) cross-layer solution is 
found as 58.7 kbps. The decoder buffer occupancy graphs 
in Figure 3 show that, as opposed to the case when stream 
switching is not used, our algorithm does not allow buffer 
underflow for any of the 32 users in the network, hence 
providing continuous playout.  

 
6. DISCUSSION 

 
In this paper, we proposed a novel cross-layer approach 
for content and channel adaptive video streaming over 
variable bitrate (VBR) channels. The main target of the 
proposed algorithm is to provide continuous video playout 
at the receiving side under maximum buffer size and 
maximum distortion constraints, by considering 
application layer stream switching and physical layer time 
slot scheduling simultaneously. The experimental results 
show that buffer overflows and underflows can be 
prevented by this method as opposed to the regular 
streaming case, where stream switching is not employed. 
The proposed framework employs intelligent switching 
between different bitstreams optimized for different 
channel throughput values. 

 Figure 2. Bitrate versus frame index (6.25 fps) plot for the three 
bitstreams. 
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Figure 3. Buffer occupancy level change of the 32 users in time.
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