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Abstract – This paper proposes a joint source-channel rate 
control algorithm for real-time video transmissions over 
WCDMA systems. The algorithm encompasses a region-based 
bit allocation strategy and a macroblock-based segmentation 
technique. To enhance the video quality while saving bits, the 
algorithm effectively allocates more bits to important parts of a 
video frame, and also adapts to time-varying WCDMA channels. 
Simulation results demonstrate that the proposed algorithm 
effectively improves perceptual quality, reduces frame skipping 
and, thereby, maintains the motion continuity in wireless video 
transmissions.  

I. INTRODUCTION 

With the increasing bandwidth in the wideband code 
division multiple access (WCDMA) systems and rapidly 
growing demand for video communications, the wireless 
video transmission has become feasible and received much 
attention recently. Since video transmissions are very 
sensitive to channel burst errors, it is obligatory for the video 
encoder to protect the video data from channel errors. 
Automatic repeat request (ARQ) schemes have been used as 
an efficient mechanism to control packet errors in video 
transmissions in the presence of a feedback channel. 
Retransmissions are only required during periods of poor 
channel conditions, thus the channel becomes a variable bit-
rate channel (VBR) with the throughputs depending on the 
channel conditions [1]. However, rate control (RC) schemes 
in MPEG-4 and H.263 are only optimized for constant bit-
rate channels, but not for VBR channels. Due to the limited 
channel throughput and time-varying characteristics of 
wireless channels, rate control for wireless video transmission 
is a challenging task, as it has to jointly decide encoding 
parameters and estimate current channel conditions in order 
to optimize the encoding performance.   

To improve the coding efficiency and ensure good 
subjective qualities of frames in the very low bit-rate video 
coding, region-based coding is usually exploited to code the 
regions of interest (ROI) more accurately than the rest of the 
video content. Some research works [2-4] adopted a heuristic 
approach to decide the quantization parameters (QPs) for 
different regions in a frame, for example: an initial QP for a 
frame or macroblock (MB) is chosen first. Then the initial QP 
is directly decreased by a factor to obtain a finer quantizer for 
ROI, which results in more bits used in coding ROI; or it is 
increased by a factor to acquire a coarser quantizer for non-
ROI and thus fewer bits are used in coding non-ROI. These 

factors are heuristically set to constants, and the contents of 
regions are not taken into consideration. The direction of the 
QP adjustments is correct, but these algorithms lack a 
quantitative method to perform bit allocation among different 
regions, this may cause improper QPs and unreasonable bits 
used for different regions.  

This paper proposes a region-based rate control 
algorithm to transmit video in real-time over variable 
WCDMA channels. By using a fast segmentation method, the 
algorithm divides a frame into ROI and non-ROI, then it 
adopts the most effective criteria “coding qualities” as a 
quantitative factor to directly control bit allocation among 
different regions, and employs a dynamic priority factor to 
further adjust bit allocation, aiming at improving ROI’s visual 
quality and reducing frame skipping under time-varying 
channels. 

The rest of this paper is organized as follows: In section 
II, we present the segmentation method. In section III, we 
show how to establish the channel model in WCDMA 
systems to estimate the variable channel-bandwidth. Section 
IV describes the rate control algorithm. Section V includes 
the simulation results. Finally, section VI concludes the 
paper. 

II. FAST SEGMENTATION OF MOVING REGIONS  

Since the human visual system (HVS) is more sensitive 
to the moving regions, it is worthwhile to sacrifice the 
perceptual quality of the still regions while enhancing that of 
the moving regions. Moving regions are classified as the 
foreground (ROI) while still regions are regarded as the 
background (non-ROI). To detect changes between two 
successive frames, each frame is smoothed by a low-pass 
filter to reduce high frequency noises, then the difference 
between the current frame and previous frame is computed. 
We can calculate the difference mask DMt as 
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where (i,j) represents the coordinate of the processed pixel, It 
and It-1 represent the current and previous frames respectively, 
and Thrt is a threshold for DMt given by  
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where M and N denote the line and pixel number in a frame 
respectively. The moving ratio rt(Bm) of Bm (the mth MB ) is 
calculated as: the summation of DMt(i,j) for each pixel in Bm 
divided by Bm’s pixel number. The threshold MB_Thrt is set 
to 
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where NMB is the number of MBs in a frame, k is a constant 
and is empirically chosen to be 1.4. If rt(Bm) is larger than 
MB_Thrt, Bm is selected as the moving MB; otherwise, Bm  is 
the still MB. 

Finally, we sort all moving MBs by rt(Bm) in decreasing 
order. If rt(Bm) of an isolated moving MB is in the last 40% of 
the sorted list, it is merged to the still region since it is not a 
heavily moving MB among all of the moving MBs. An 
isolated still MB is combined to the moving region by the 
same way.  

III. WIRELESS CHANNEL MODEL 

The Gilbert two-state Markov model [5] is adopted to 
model the wireless channel. The model has two states, good 
(packet error free) state S0 and bad (packet error) state S1, and 
states transfer between each other at a certain probability. The 
channel state transition probability matrix is given by P with 
the element Pij=P[S(k)=Sj|S(k-1)=Si], i,j ∈{0,1}, which is the 
transfer probability from the state Si at time tk-1 (i.e. S(k-1)) to 
the state Sj at time tk (i.e. S(k)) [6]. Without loss of generality, 
assuming that the channel state S(k-m) at time tk-m is known, 
the probability that the channel in state Sj at time tk is denoted 
as πj(k|S(k-m)). Therefore, the state probability vector at time 
tk is π(k|S(k-m))=[ π0(k|S(k-m)), π1(k|S(k-m))]. Since the 
channel state at time tk-m is known to be S(k-m), the state 
probability vector at time tk-m is initialized by  
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Thus, the state probability vector at time tk can be derived 
from the state probability vector at time tk-m by using 

.))(|())(|( mPmkSmkmkSk −−=− ππ     (5) 

The probability of packet error-free at time tk is 
))(|(0 mkSk −π .  

Notice that even more accurate packet error probability 
can be obtained by taking more channels states. However, 
since our proposed rate control can well adapt to the channels 
and the video is transmitted in the unit of frame, the accuracy 
of the channel modeling is not a major problem.  

IV. RATE CONTROL ALGORITHM 

  1) Estimate Initial Target Bits: It is impossible to calculate 
remaining bits and frames in real time video communications, 
since the total sequence is not known at the moment of the 
encoding. We set the initial target bits Tt for a frame to R/Fr, 
where R and Fr are the channel and frame rates, respectively. 

  2) Adjust the Target Bits Based on the Buffer Fullness: To 
get more accurate target bit estimation, the initial bit target is 
further refined based on the buffer fullness. Here, we adopt 
our proposed Proportional-Integral-Differential (PID) buffer 
control technique [7]. The PID buffer adjusting factor is 
computed by 
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where Bs is the buffer size, Et is the error deviation between 
the target buffer fullness (Bs/2) and the current buffer fullness 
Bf,t; Kp, Ki and Kd are the Proportional, Integral and 
Differential control parameters respectively, and are 
empirically set to 0.1, 0.25 and 0.3 correspondingly in the 
simulations. Then the target bits can be further adjusted by 
Tt:=Tt + PIDt. 
  3) Compute the Number of Retransmitted Bits per Frame 
Interval: First, we assume the length of the encoded frame r 
to be Lr, then Nr=Lr/Lp packets have been transmitted in a 
packet size of Lp bits. Second, the average error packet ratio 
of the previous Lrp frames is calculated by  
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where Pe(r,i) equals to 1 when the ith packet in the rth frame is 
in error, otherwise 0. If ravg(Lrp) is less than a threshold value 
Wth, the current state of the wireless channel S(0) is said to be 
good. Otherwise, the channel is said to be in the bad state. 
Third, using the current channel state and (1), we can estimate 
the channel state for the next Lrf frames. The average number 
of packets per frame-interval to be transmitted can be 
calculated by Lc=(R/Fr)/Lp. Therefore, we need to generate 
channel states for the next Nrf=LrfLc packets as follows: To 
obtain a smooth estimation of the channel state, the average 
probability of a error-free transmission of the mth packet 
given the current channel state S(0) is derived based on (5) as 
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Following a commonly accepted statistical approach [6], 
we generate a uniform distributed random variable α in the 
interval [0,1] and compared it with the Pavg(m|S(0)) to decide 
the channel state of the mth packet. This approach can 
dynamically characterize the channel state. If α is greater than 
Pavg(m|S(0)), the channel of the mth packet is said to be bad 
and  Pe(m)=1; otherwise, Pe(m)=0. Therefore, the total 
retransmitted bits RTB in the current frame can be calculated 
by 
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  4) Adjust the Target Bits Based on RTB: During the 
retransmissions of error packets, the video data in the encoder 
buffer are not transmitted. Therefore, due to the reduced 
channel throughput, the encoder buffer fills up quickly which 
may cause the RC algorithm to skip frames or significantly 
reduce the bits allocated to each frame [1].  In order to 
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counteract the buffer fill-up in the future, the frame target is 
decreased by Tt:=Tt -RTB. 
  5) Distribute the Target Bits: To avoid large perceptual 
quality differences between the foreground (F) and 
background (B), the algorithm sets weights for them. The 
larger the weight is, the more target bits should be allocated 
to the corresponding region. To directly control bit allocation, 
the most effective criterions, foreground PSNR (PSNRF,t) and 
background PSNR (PSNRB,t), are employed in the weight 
adjustment. In addition, priority is also used to assist target bit 
allocation so as to express application requirements. We 
adopt the background as a referential base, its weight WB,t is 
always 1.0. Let WF,t to be the weight for the foreground at 
time t, its initial value is 1.0. UF is the foreground’s priority, 
UF >0 (dB) means a higher priority while UF <0 (dB) 
corresponds to a lower priority. At time t-1, if (PSNRF,t-1-UF ) 
is lower than PSNRB,t-1, the algorithm improves WF,t, thus the 
foreground obtains more target bits and achieves a higher 
quality, and vice visa. WF,t is updated as 
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here, the tuning factor θ is selected to 4 empirically. We have 
chosen the normalized weight, size and variance as coding 
complexity measurements in distributing target bits between 
the foreground and background. The numbers of target bits 
for the foreground (TF,t) and background (TB,t) are allocated 
by 
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where NMBF,t and NMBB,t are the numbers of MBs in the 
foreground and background respectively, normalized by the 
total number of MBs in a frame; NVARF,t and NVARB,t are the 
normalized foreground and background variances of the 
motion-compensated residual frame respectively; NWF,t is the 
normalized weight of the foreground and NWB,t is that of the 
background. 
  6) Macroblock-Level Rate Control: The target bits for 
coding the ith macroblock (MBi), TMB,i, can be allocated by:  
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where VARMB,i is the variance of the motion-compensated 
residual MBi, TF,t

i and TB,t
i are the currently remaining 

available target bits for the foreground and background 
respectively when coding MBi, initially tF

i
tF TT ,, = and 

tB
i

tB TT ,, = . The MB-layer RC of MPEG-4 [8] is then used to 
compute the QP for MBi and encode MBi. 
  7) Update Buffer Fullness: The buffer fullness is updated 
after encoding, the number of bits used for encoding the 
current frame and the retransmission bits are added to the 
previous buffer level. Meanwhile, the number of bits to be 

output from the buffer per encoding time, R/Fr, is decreased 
from the buffer fullness. If the buffer occupancy exceeds 80% 
of the buffer size, the encoder skips the next frame [8, 9].  

V. SIMULATION RESULTS  

To evaluate the performance of the proposed algorithm, we 
compare it with the MPEG-4 Q2 scheme [8,9] under two sets 
of channel conditions: Set 1 (CCS1): walking speed (3 
km/hour) and a user data rate 32 Kbps; Set 2 (CCS2): 
walking speed (3 km/hour) and a user data rate 64 Kbps. A 
WCDMA channel simulator is used to generate the bit-error 
pattern under CCS1 and CCS2, which is setup using the 
corresponding channel conditions and parameters listed in 
Table I. The packet sizes are 320 bits for CCS1 and 640 bits 
for CCS2. The transition probabilities of the Gilbert tow-state 
Markov model are obtained from the WCDMA channel 
simulator as follows: For CCS1, P00=0.97538, P01=0.02462, 
P10=0.30367, P11=0.69633, which corresponds to an average 
packet burst error length of 3.3 packets and a packet error rate 
of 0.075. For CCS2, P00=0.96024, P01=0.039759, 
P10=0.17154, P11=0.82846, which corresponds to an average 
packet burst error length of 5.8 packets and a packet error rate 
of 0.19. Packet error threshold Wth is empirically set to 0.2. 
Both the number of past Lrp frames and the future Lrf frames 
are empirically chosen to be 3.  
     To meet the low-delay requirement in video transmissions, 
a small buffer size 0.125•R is used in both MPEG-4 Q2 and 
our algorithms [8,9], frame skipping occurs when the buffer 
fullness is above 0.1•R [8,9]. When the channel is in the good 
state, we dynamically set UF to 0 to obtain balanced coding 
qualities between the foreground and background; when the 
channel state is bad, in order to ensure the foreground’s visual 
quality, we set UF to 2 to improve the foreground’s priority. 
Assume all erroneous packets are retransmitted successfully 
in a single attempt. Since a skipped frame is represented in 
the decoded sequence by repeating the previously coded 
frame according to MPEG-4 core experiments, the PSNR of a 
skipped frame is computed by using the previous encoded 
frame [9]. 

Because bit-rates are diminished in the background, the 
overall average PSNR values of the proposed algorithm in 
Table II are little lower than those of MEPG-4 Q2. To 
evaluate the picture quality more properly in the region-based 
RC algorithm, the foreground and background PSNRs are 
used here. In Table II, the foreground PSNRs of our 
algorithm are much higher than those of MEPG-4 Q2, while 
the background PSNRs of our algorithm are lower. Therefore, 
our algorithm can apparently enhance the visual quality in the 
foreground, at the expense of quality degradation on the 
background. Meanwhile, our algorithm can reduce frame 
skipping effectively when compared with MPEG-4 Q2. The 
bit count ratio of the foreground or background, defined as 
the individual used bit count normalized by the total used bit 
count of the whole sequence, is also shown in Table II. Using 
our algorithm, the bit count ratio of the foreground increases 
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a lot, this indicates our bit allocation method is effective. As a 
result, the visual quality of the foreground has been enhanced.  

 
Table I 

Specifications of the WCDMA simulator 
Multiple 
Access 

WCDMA 

Modulation QPSK 
Carrier 
Frequency 

1.9 GHz 

Chip Rate 4.096 Mcps 
CRC 16 bits 
Coding convolution code rate 1/3, constraint 

length 9 
Interleaving 10 ms 
Diversity 2 antenna branches 
Bit Error Rate 10-3 

 

PSNR curves in Fig. 1(a) & 1(b) show that the 
foreground PSNRs of our algorithm are higher than those of 
MPEG-4 Q2, but our background PSNRs are lower. They 
further exhibit that our algorithm obtains smoother 
foreground and background qualities among frames. In 
addition, our buffer fullness curve in Fig. 1c is more stable. 
Fig. 2 indicates our algorithm can effectively detect the 
moving region and enhance its perceptual quality, the 
foreground including face and hand parts is clearer than that 
of MPEG-4 Q2. Although it may introduce some degradation 
on the background, it is almost invisible to human perception.  

Due to the limited bandwidth, video sequences 
transmitted under wireless channels normally have low 
motion, such as head and shoulder scenarios. Since higher 
bandwidths are available by the current WCDMA technique, 
we also study the effect of transmitting some medium or fast 
motion sequences under the 64 Kbps channel (CCS2). The 
results in Table III demonstrate again that our algorithm 
effectively reduces the number of frame skipping and 
improves the perceived quality for the foreground. 
Furthermore, the overall PSNRs of the proposed algorithm 
are little higher than those of MEPG-4 Q2. This may due to 
the large number of frame skipping in MPEG-4 Q2, which 
causes overall PSNR degradation. 

VI. CONCLUSIONS  

In conjunction with a fast segmentation method, we 
proposed a region-based rate-control algorithm for real time 
video transmissions over WCDMA channels. Unlike 
traditional bit allocation methods used in the region/content-
based rate control, the proposed algorithm exploits the most 
effective criteria “coding qualities” to quantitatively control 
bit allocation among different regions. Compared with the 
MPEG-4 rate control algorithm, the proposed algorithm 
enhances the visual quality for ROI, reduces the number of 
frame skipping, and improves the motion smoothness. 
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Table II  

Simulation results under the WCDMA channel condition CCS1 (32 Kbps, 10 fps, 150 frames, QCIF) 
Bit count ratio (%) Average PSNR (dB) Video 

Sequence 
Algorithm 

Foreground Background 
# Skipped 

Frames Foreground Background Overall 
Q2 46% 54% 12 34.66 38.68 37.36 Mother_ 

Daughter Proposed 82% 18% 0 36.99 36.63 36.70 
Q2 61% 39% 14 32.50 34.51 33.85 Silent Voice 

Proposed 77% 23% 0 33.90 33.42 33.51 
Q2 42% 58% 18 32.18 35.37 34.54 Salesman 

Proposed 62% 38% 0 33.98 34.20 34.05 
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Table III 

 Simulation results under the WCDMA channel condition CCS2 (64 Kbps, 10 fps, 150 frames, QCIF) 
Bit count ratio (%) Average PSNR (dB) Video 

Sequence 
Algorithm 

Foreground Background 
# Skipped 

Frames Foreground Background Overall 
Q2 57% 43% 29 23.22 28.60 25.70 Stefan 

Proposed 85% 15% 0 25.31 26.66 25.92 
Q2 43% 57% 26 31.76 34.30 33.25 Foreman 

Proposed 67% 33% 0 34.40 33.40 33.61 
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        (a) Foreground PSNR            (b) Background PSNR       (c) Buffer Occupancy 
Fig.1.  PSNR and buffer curves for the Mother_Daughter sequence on the WCDMA channel condition CCS1. 

 

                       
          (a) Segmentation Result (Original Frame)     (b) MPEG-4 Q2 (Reconstructed Frame)     (c) Proposed (Reconstructed Frame) 

Fig. 2. Subjective results of the 23th frame of the “Silent Voice” on the WCDMA Channel Condition CCS1. 
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