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Abstract—In this paper, we address the key problem in real-time
video coding, the rate-distortion (R-D) tradeoff. As most video
coding applications employ color images, we analyze the R-D
modeling problem of the color image sequence. We investigate
that the R-D characteristics of color video signal in traditional
transform-based video coding systems should be modeled for
the luminance and chrominance components separately. So we
propose separable R-D models for color video coding. The feed-
back from the encoder buffer is analyzed by a control-theoretic
adaptation approach to avoid buffer overflow and underflow. To
achieve smooth video quality and satisfy the delay constraints in
real-time applications, a novel R-D tradeoff controller is designed.
In the proposed R-D tradeoff framework, both the quality varia-
tion and buffer safety are considered. Extensive simulation results
demonstrate that the proposed approach can achieve smooth video
quality without sacrificing overall quality while efficiently utilize
the bandwidth without buffer overflow or underflow.

Index Terms—Buffer control, H.264, rate control, rate-distortion
(R-D) model, R-D tradeoff, video coding.

I. INTRODUCTION

VARIOUS video coding standards have been developed,
e.g., ITU-T H.261 [1], H.263 [2], ISO/IEC MPEG-1 [3],

MPEG-2 [4], MPEG-4 [5], and H.264/AVC [6], and deployed
in the various multimedia applications such as video confer-
encing, storage video, video-on-demand (VOD), digital televi-
sion broadcasting, and Internet video streaming. These video
coding standards employ efficient compression techniques to re-
move the spatial and temporal redundancy within and between
frames. Real-time video coding becomes more and more im-
portant in recent years with the evolution of the advanced video
coding standards, e.g., H.264 [6], which provide high compres-
sion ratio for the video source information and further improve
the efficiency of the communication systems. However, real-
time video coding faces an inherent challenge since both the
bit rate and picture quality in compressed video sequences are
variable. The tradeoff between the rate and distortion is a key
issue in these lossy video compression applications.

Variable bit rate (VBR) video coding is employed in some ap-
plications in which natural video frames need to be represented
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with more stable quality. VBR video can also be neatly incorpo-
rated in a VBR transmission networking infrastructure [7], [8].
For VBR video where delay or rate constraint is not as strict as
real-time video coding, The function of rate control algorithm
in VBR video coding aims to determine the quantization pa-
rameter to maximize consistent video quality. Besides one-pass
rate control algorithms [9] which are suitable for live VBR video
encoding, two-pass VBR rate control algorithms can be devel-
oped for storage applications [10], [11] which are strictly under
budget constraint instead of delay constraint. Using the two-pass
approach, the encoder can control quality smoothly and the bit
budget precisely. To guarantee the near-constant or constant
video quality, the minimum maximum (MINMAX) criteria [12]
and minimum distortion variation (MINVAR) criteria [13] are
often adopted. However, most of these approaches, such as the
bisection method [12], the multistage algorithm [14], [15], the
ratio algorithm [14], and the pseudo I-frame methods [14], can
be applied in off-line applications only since they need to gen-
erate the rate-distortion (R-D) curves of the sequence or GOP
first before employing optimization techniques such as the min-
imum average (MINAVE) distortion based optimization [16].
Yang et al. proposed the fast suboptimal algorithms to achieve
either MINMAX [17] or MINAVE [18] for embedded wavelet
coder which are applicable for real-time video coding. But they
are not applicable to the current block-based standard video
coders such as MPEG-4 and H.264 in which exploring the op-
erational R-D curves is very time consuming. In practical video
coding applications, it is essential to consider the rate/buffer/
delay constraints. In this paper, we focus on applicable method
for low-delay constant bit rate (CBR) real-time applications.

Rate control always evolves into constrained problems in
practical applications [19]. Since the amount of information in
compressed video sequences is inherently variable, a buffer is
placed between the video encoder and the transmission channel
to smooth out the rate variation to satisfy the delay requirement
in real-time environment. Larger buffer corresponds to longer
end-to-end delay. The encoder buffer is placed between the
video encoder and the transmission channel to monitor the gen-
erated bit rate and dictate the amount of delay in transmission
systems. The quantization parameters are adjusted based on the
feedback from the buffer status to match the source bit rate to
the transmission bit rate. Many CBR rate control mechanisms
have been proposed to provide a satisfactory bit rate control
[9], [20]–[27]. In these approaches, the R-D relationships are
modeled by the R-D models. From the classical R-D functions
[28], many mathematical expressions of R-D characteristics
have been developed. Many rate control algorithms assume
that the source statistics are stationary and belong to some
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probabilities such as Gaussian [29] or Laplacian [21] and then
derive the R-D models based on the R-D theory [30]. Ding
et al. [20] proposed a generic rate-quantizer model according
to the changes in picture activity and a feedback-based bit
allocation. A re-encoding method was developed with the
rate-quantization model. In [29], a source model is derived
from the classical R-D theory to describe the relationships
between the rate, distortion and quantization parameters whilst
in [31] an adaptive model-driven bit allocation method based
on a parametric R-D model was proposed which incorporated
a region classification scheme. Ribas-Corbera et al. [22] pre-
sented a logarithmic model for bit rate and distortion and used
Lagrange optimization to minimize the distortion subject to
the bit rate constraint. A spline method was reported in [13]
and a quadratic rate-quantizer model was proposed in [21],
respectively. The quadratic rate-quantizer model was further
extended into a scalable rate control algorithm in [32] and
optimized for its accuracy in [26]. Cheng et al. [33] studied the
linear relationship between the activity measure and bit rate and
derived an empirical first-order bits model. He et al. [25] pro-
posed a linear -domain R-D model and the corresponding R-D
analysis framework, where is measured by the percentage
of zeros of the discrete cosine transform (DCT) coefficients.
The mapping between the quantization parameter and is
calculated based on the distribution of the DCT coefficients.

However, the priority in above approaches is to control the
target bit rate. These strict bit rate control schemes result in large
quality fluctuations due to the varying content in natural visual
scenes. In contrast to these rate control algorithms, a low-pass
filter based MPEG compression scheme was proposed by He et
al. [34] to smooth the video quality for higher bit rate applica-
tions. They introduced the smoothed rate control framework by
using a geometric averaging filter. By combining the buffer con-
trol, the low-pass filtering based approach can achieve smooth
quality with limited delay. Xie et al. [35] proposed a sequence
based rate control by using the rate-complexity model to achieve
constant quality in real-time MPEG-4 video coding.

In this paper, we address the R-D tradeoff problems in
real-time H.264 video coding to achieve smooth video quality.
As most video coding applications employ color images, we
analyze the R-D modeling problem of the color image se-
quences. We found that the distribution of the integer cosine
transform coefficients in H.264 color video coding can be
approximated by Laplacian distribution but the R-D character-
istics of color video signal in traditional transform-based video
coding systems should be modeled separately for the lumi-
nance and chrominance components. So we propose separable
R-D models for color video coding. This separable R-D mod-
eling approach outperforms the traditional non-separable R-D
modeling ones. Based on the R-D models and a novel buffer
adaptation approach, we propose R-D tradeoff framework by
considering both the quality variation and buffer constraint. The
R-D tradeoff is utilized via the quality smoothing cost function
with reference to the buffer constraint. We conduct extensive
tests to justify the performance of our algorithm.

The rest of this paper is organized as follows. Section II pro-
vides the analysis on R-D characteristics of color video signals
in traditional transform-based video coding systems. We present

Fig. 1. Luminance and chrominance components of test sequence Mobile
(QCIF, 4:2:0). (a) Y. (b) U. (c) V.

a novel R-D control algorithm in Section III. The feedback from
the encoder buffer is analyzed by a control-theoretic adapta-
tion approach. The adaptation output is used by the R-D con-
troller to achieve tradeoffs between the encoder delay and pic-
ture quality fluctuation. Simulation results in Section IV demon-
strate that the proposed approach can achieve a smooth video
quality without sacrificing overall quality. We conclude in Sec-
tion V.

II. COLOR VIDEO R-D MODELING

In most video coding techniques, the color videos consist of
luminance and chrominance components. Fig. 1 shows the lu-
minance (Y) and chrominance (U, V) components of a sample
color video, Mobile. The luminance component provides more
texture details while the chrominance components are more uni-
form. Other color video sequences also present similar charac-
teristics. Integer cosine transform (ICT) is used in H.264 which
is a close approximation of the traditional DCT transform. In
this paper, we analyze the ac coefficients of the 4 4 ICT [36]

(1)

and the 8 8 ICT [37]

(2)
adopted in H.264 and examine the different distribution charac-
teristics of the luminance and chrominance components. Figs. 2
and 3 show the distribution of the ac coefficients of the ICT for
intraframes and interframes of the test video sequence Mobile,
respectively. Here we also apply the 8 8 ICT for the chromi-
nance components for comparisons. The distributions for the lu-
minance (Y), and the chrominance (U and V) components are
plotted separately and approximated by the Laplacian distribu-
tion with different

(3)
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Fig. 2. PDF of integer transform coefficients (1,1) of Y, U, V components of intraframe of test sequence Mobile (QCIF, 4:2:0), and approximation by Laplacian
distribution. (a) 4 � 4 transform. (b) 8 � 8 transform.

Fig. 3. PDF of integer transform coefficients (1,1) of Y, U, V components of interframe of test sequence Mobile (QCIF, 4:2:0), and approximation by Laplacian
distribution. (a) 4 � 4 transform. (b) 8 � 8 transform.

As shown in Figs. 2 and 3, the distributions of the ac transform
coefficients for the two chrominance components (U and V)
are close and are different to the luminance component (Y).
So we can describe the ac transform coefficients of U and V
by the same distribution in further analysis. It is noted that
this paper is not to conclude the distribution to approximate
the transform coefficients of the transform, but to examine the
different characteristics for the distribution of the luminance
and chrominance components. Same observation is found for
DCT transform based video coding systems, e. g., MPEG-4.
So for the DCT-based video coding systems, the conclusion,
separately modeling the luminance and chrominance compo-
nents of color video signal, is valid as well. For the distribution
expression of transform coefficient problem, extensive of study
has been done in the literature. The readers may refer to these
state-of-the-art works [38]–[40] among which the Laplacian
distribution based principle has been widely accepted in video
coding area.

To further analyze the effects of these different components
on video coding, we compress the color video sequence by
H.264 codec [41] and plot the R-D curves in Fig. 4(a). As
shown in Fig. 4(b), we can find that the shapes of R-D curves
of different components are different due to the different rep-
resentations of luminance and chrominance textures. Fig. 4(b)
shows the bit rate curves of different components at a fixed
quantization parameter . Although the bit rate of the
chrominance components is lower than that of the luminance
component, the performance of the chrominance part is dif-
ferent and this difference should not be ignored. It should
also be noted that we use a 4:2:0 format color video as shown
in Fig. 1. For other typical color video format such as 4:4:4,
the ratio of the the chrominance components in the bit rate is
higher. It is noted that this phenomenon can also be found in
DCT transform based video coding systems.

As the R-D characteristics of the luminance and chrominance
components are different, we build the R-D models for color
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Fig. 4. Test results from test sequence Mobile (QCIF, 4:2:0). (a) R-D curves of Y, UV components. (b) Bit rates of Y, UV components atQ = 32.

video, separately. Assuming that the source information statis-
tics are the Laplacian distribution, the quadratic R-D models can
be derived based on R-D theory [21], [28], [42] for the lumi-
nance and chrominance components separately as

(4)

(5)

and the R-D models for the color video can be summarized as

(6)

(7)

where is the bit rate for the luminance texture infor-
mation or the chrominance texture information ,

is the estimated distortion (root mean square error,
RMSE) for the luminance texture information or the
chrominance texture information , is the bit rate
for the color video signal, is the distortion for the color
video signal, is the luminance texture complexity de-
noted by MAD (mean absolute difference) which is predicted in
H.264 or 1 , denotes the quantization parameter,

, , and for 4:2:0 color video. We use the com-
bined-channel peak signal-to-noise ration [43] for
color video signal in this paper. , , , and are the model
parameters updated by linear regression method from the pre-
vious coded results. From the previously encoded frames, we
have data sets and .
So we can minimize the quadratic error functions

(8)

where is the number of selected past frames, , ,
, and are the quantization levels, the actual bit

rates, the actual distortion, and the complexities of the lumi-
nance or chrominance components in the past frames, respec-
tively. So these parameters can be obtained as

(9)

To evaluate the effectiveness of the proposed R-D models
in (6) and (7), we compared the proposed separable color
video R-D modeling method with traditional nonseparable
R-D models. As the quadratic expression based models have
been used in both MPEG-4 and H.264, we used frame-based
MPEG-4 coder, object-based MPEG-4 coder, and H.264
coder for evaluation. We conducted exhaustive simulations
using different quantization parameters for the rectangular
frame level video sequences, Mobile, Foreman, Akiyo, Bus,
Flower, and Football, and object level video sequences, Akiyo,
Foreman, Stefan, Children, Bream, and Dancer. We encoded
the first frame as intraframe and the rest frames as interframes.
We used MPEG-4 reference software [44] which supports
both rectangular frame based video coding and object based
video coding with full search motion estimation. For object
coding, the shapes were lossless coded. The H.264 reference
software [41] was configured with one reference frame full
search motion estimation (search range 16), CABAC entropy
coding, and R-D optimized mode decision. In all the tests, the
quantization parameters were predefined to remove the effects
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TABLE I
ESTIMATION ERROR

of rate control algorithms during encoding. The corresponding
average relative estimation errors are defined as

(10)

where denotes the number of the estimated frames, and
are the actual and estimated results for th frame, respec-

tively. Table I provides the average estimate results of these
simulation tests. It demonstrates from the simulation results that
the proposed color video R-D modeling method using separated
R-D models outperforms traditional non-separable model based
method which assume the same distribution function for lumi-
nance and chrominance components. It is noted if we only need
to consider the distortion of the luminance component, the dis-
tortion estimation results will be the same whereas the rate esti-
mation still needs to consider both luminance and chrominance
bit rates for color video. It should be emphasized that our sepa-
rable R-D modeling principle can be applicable for various ex-
pressions of R-D models, not restricted on the quadratic one.

III. R-D TRADEOFF FOR REAL-TIME VIDEO CODING

After deriving the R-D models for color video, we apply
these models to our R-D tradeoff framework. Based on the
feedback from the encoder buffer, the target bit rate for current
encoding frame will be decided by our control-theoretic adap-
tation approach. The R-D tradeoff is utilized via the quality
smoothing cost function regarding to the R-D models and
buffer constraints. The buffer constraint is a reflection of the
delay constraint as analyzed in following subsection.

A. Buffer Feedback Control

Henceforth, we assume that the encoder delay of the th
frame is bounded by . The encoder delay can
be expressed according to the buffer status and buffer size

can be decided by the maximum accumulated delay

(11)

(12)

where denotes the generated bits, is
the number of bits removed from the buffer per frame,
is the encoding bit rate and is the frame rate. So the buffer
status is

(13)

After obtaining the buffer status, we use this feedback to
determine the target bit rate for incoming encoding frame. To
design the feedback based controller, various combinations of
proportional, integral, and derivative control actions are widely

used [45], such as proportional-derivative (PD) controller for
video adaptation [51] and proportional-integral-derivative (PID)
controller for rate control in packet network [46] and video
coding [47]. The combination of different controllers is based
on the design goals. The PID controller is more flexible but more
complicated as it contains more parameters of these three con-
trollers [48]. Meanwhile, the derivative controller is sensitive
to noise. We aim to provide advanced R-D tradeoff function by
guaranteeing smoothing video quality and allowing larger buffer
deviation. So in this paper, we consider the proportional-integral
(PI) controller. We set the target encoder buffer level at half of
the buffer size which allows maximum bit rate fluctuation
while we smooth the coded video. The error signal is defined as

(14)

and the PI compensator is expressed as

(15)

where and are control parameters for the proportional
and integral components, respectively. In this paper,
and are used empirically after exhaustive tests in
H.264 real-time video coding environment.

The initial target bit rate for the incoming frame is
realized by

(16)
where and is the target buffer level.

is further adjusted by the PI compensator to the target
bit rate

(17)

In traditional rate control algorithms, the target bit rate is used
to solve the rate quantizer function to get the target quanitizer
for encoding purpose in general. However, it ignores the impact
on the picture quality varying in the time domain. In our buffer
feedback control, the target bit rate calculated in the (17) is uti-
lized as the upper bound for actual target bit rate as we employ
the PI controller which tolerates larger buffer deviation in a short
term.

B. Constrained R-D Tradeoff

From above analysis, we get the bit rate constraint which can
be regarded as an upper bound to avoid buffer overflow. The
R-D tradeoff mechanism is designed to smooth the video quality
within the bit rate constraint. Meanwhile, to control the buffer
deviation in a safe margin, a buffer fluctuation function is incor-
porated in the R-D tradeoff mechanism. This buffer fluctuation
function is to dominate the cost function when the buffer devi-
ation turns to be large. So the cost function to be minimized is

(18)
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Fig. 5. Illustration on distortion variation reference selection.

where is the quality variation function and
is the buffer fluctuation function and is a weighting factor with
typical value of 0.5 to balance the two different measurements
of and .

Motion compensated video compression implies that the
source rate and distortion of current frame depend not only
on the current quantizer , where denotes the current
frame index, but also those in the reference frames, i.e.,
neighboring quantizers where and are
non-negative integers. So the R-D pairs can be represented
as and , respec-
tively. So the global distortion variation criterion is defined
as [13]

(19)

where and satisfy the boundary conditions,
presents the number of frames in the sequence. In real-time

applications, the video coding is straight forward such that the
have been determined before encoding cur-

rent frame and the are not applicable. So the
distortion variation criterion can be simplified as

(20)

In this work, we try to smooth the video quality by mini-
mizing the quality variations. Since in our R-D tradeoff frame-
work, we will consider buffer deviation and integrate the buffer
deviation and quality variation into a unified framework, we de-
fine by the normalized quality variation

(21)

It is noted that when B-frames are included, the quality vari-
ation reference selection problem is more complicated since the
coding order is different to the display order. We present Fig. 5
as an example. In Fig. 5, we assume there are B-frames be-
tween two successive P-frames. In the display order, the P-frame

is the nearest frame to the B-frame . So when we cal-
culate the distortion variation [(21)] for encoding the
B-frame , the P-frame should be chosen as the distortion
variation reference. For the P-frame , the nearest coded
frame in the display order is the P-frame . For the B-frame
without successive B-frames, i.e., B-frame , there are
two nearest frames available in display order before encoding,
i.e., B-frame and P-frame . So we propose to
use the average distortion of frames and , i.e.,

, as the distortion variation ref-
erence in (21).

As far as we know, buffer control is very important since un-
derflow and overflow should be avoided as overflow will result

in frameskip and cause jerky motion and underflow will waste
bandwidth. However, certain buffer fluctuation should be al-
lowed since it is helpful to guarantee smoothed coding quality.
If the current buffer deviation is not large, we can let the quality
variation function dominate the cost function such that mini-
mizing the cost function (18) is to provide minimum quality
variation. When the buffer deviation is large, the buffer fluctua-
tion function should be able to dominate the cost function such
that minimizing the buffer deviation can get higher priority. In
this case, quality stability is sacrificed to avoid buffer overflow
or underflow. So the buffer fluctuation function, , is
defined in an exponential expression

(22)

where

(23)

is the estimated bit rate and is the number of bits for
header information. Here we use the number of bits of previous
frame as prediction. is the weighting factor to control the
tradeoff between the quality smoothness and buffer fluctuation.
We set to achieve smooth video quality and allow larger
buffer fluctuation. The use of larger in the exponential func-
tion in (22) results in smaller buffer fluctuation but larger quality
variation. As the bit rate is bounded by the buffer feedback con-
trol mechanism, no buffer overflow will occur. In H.264, the
quantization parameter is allowed to vary within a certain
range, i.e. 2, of previous frame quantizer [41]. So the quan-
tizer of current frame is

(24)

where in the admissible quantizer candidates and is the
optimal one. By using the R-D information corresponding to the
quantization parameter candidates, , which can be obtained
from the color video R-D models (6), (7), we get the optimal
solution for (24).

C. Summary of the R-D Tradeoff Algorithm

The R-D tradeoff algorithm is as follows.

1) Initialization: Initialize the encoding parameters and
model parameters.

2) Buffer Feedback Control: The target bit rate for
incoming frame is determined by the buffer feedback
control as described in Section III-A.

3) R-D Tradeoff: The cost function (18) is calculated
based on the quantization parameter candidates and the
corresponding color video R-D models. The optimal
solution for (24) is used as the quantization parameter
for frame encoding.

4) Encoding: Encode frame and record the corresponding bit
rate and distortion information of luminance, ,

and chrominance components, ,
, together with the header information .
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TABLE II
SIMULATION RESULTS OF VIDEOCONFERENCING APPLICATIONS

TABLE III
SIMULATION RESULTS OF VIDEO STREAMING APPLICATIONS

5) Update the Model Parameters: The model parameters for
both the luminance and chrominance R-D models are
updated based on the encoding results of the current frame
as well as the past frames within the slide window.

6) Update Buffer: After encoding a frame, the buffer level
is updated

(25)

where denotes the actual encoding bit rate. To avoid
the buffer overflow, if the current buffer level is
higher than 80% of the buffer size then the incoming
frame will be skipped. After the frame is skipped, the
buffer level is updated again. Then goto step 2 until the
end of coding.

IV. SIMULATION RESULTS

To evaluate the performance of the proposed R-D tradeoff
approach, namely RDT, we employ the H.264 video codec
and compare it with the H.264 joint model (JM) [41]. The test
sequences and simulation conditions are listed in Tables II and
III for the video conferencing and video streaming applications
[49], respectively. All the sequences are in 4:2:0 QCIF or
CIF format. For color video, the final quality measurement,

for 4:2:0 color video sequence is described as

(26)

where is the distortion between the original color video
sequence and reconstructed one as described in (7). To measure

the smoothness of the video quality, we use the following mea-
surement [13]:

(27)

where is the length of the coded video frames and is
the PSNR variation. We also list the maximum quality varia-
tion in Tables II and III to evaluate the robustness of these two
algorithms.

We first consider the videoconferencing applications which
require small delay and real-time encoding. In these tests, only
the first frame is intracoded. All the other frames are coded as
P-frames. The target buffer level is set as half of the buffer size
where the buffer size is defined as half of the bit rate. We use
the configuration with one reference frame full search motion
estimation (search range 16), and R-D optimized mode deci-
sion. As shown in the simulation results in Table II, the average
and maximum quality variations are improved up to 70% and
50% which demonstrate that the proposed algorithm can achieve
smoother video quality. In Figs. 6 and 7, we present the PSNR
curves of test sequences Mobile and Foreman for comparisons.
We can observe that the the curve from the proposed approach is
smoother. Other simulations also present similar performance.
The buffer level curves in Figs. 6 and 7 as well as in other sim-
ulations report no buffer overflow or underflow. It is also noted
that the overall quality, average PSNR, of two algorithms are
very close in our tests.

As we have discussed, larger in (22) results in smaller buffer
fluctuation but larger quality variation. We present our test re-
sults of the proposed algorithm at for the Mobile sequence
as shown in Fig. 8. As we can observe, the buffer is more stable
than the results of the JM algorithm as we have set a large .
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Fig. 6. PSNR curves and buffer levels of the proposed algorithm and JM algo-
rithm for the test sequence Mobile (QCIF) at frame rate of 15 fps and bit rate of
64 kbps.

Fig. 7. PSNR curves and buffer levels of the proposed algorithm and JM algo-
rithm for the test sequence Foreman (QCIF) at frame rate of 15 fps and bit rate
of 32 kbps.

The corresponding PSNR of the proposed algorithm is 27.4 dB
whilst the PSNR of the JM algorithm is 27.2 dB. This means that
we do not sacrifice the global quality. However, the decoded
video quality is not as smooth as a result of the smaller as
shown in Fig. 6.

We present some reconstructed pictures to illustrate the
subjective quality improvement. Figs. 9 and 10 show the recon-
structed successive frames of QCIF test sequence Mobile and
the corresponding distortion pictures from JM and the proposed
algorithms, respectively. We can tell from the comparisons,
where the difference of picture quality (or the difference of
the distortions) in JM algorithm is larger than the proposed
algorithm. In the results from JM, the PSNR difference is
1.35 dB while the PSNR difference is 0.1 dB in our proposed

Fig. 8. PSNR curves and buffer levels of the proposed algorithm (� = 4) and
JM algorithm for the test sequence Mobile (QCIF) at frame rate of 15 fps and
bit rate of 64 kbps.

algorithm. The distortion maps also provide a subjective com-
parison where we can tell the difference of distortion maps
from JM algorithms. Small distortion difference is expected
since it results in better subjective visual quality by providing
smoother video.

We also consider the video streaming applications which can
enable advanced features of H.264 coder. In these tests, we
modified the configuration by using five reference frames, two
B-pictures between each two successive P-pictures. The simu-
lation results are listed in Table III. Both the average and max-
imum quality variation achieve improvements. This shows that
the RDT algorithm can achieve smoother reconstructed video
quality. Similar to our first set of tests, the average PSNR of the
decoded results are close.

To compare with the state-of-the-art work in [50] which
also reduces the quality fluctuation for H.264 coding, we
implemented the RDT approach on H.264 JM8.4 reference
encoder software. In the simulation tests, we used IPPP
GOP structure with the GOP size of 12. The first 120 frames
of each sequence were used. We configured the encoder with
two reference frames in full search motion estimation with
the search range of 16, 1/4-pel motion vector resolution, and
CABAC for entropy coding. The results are listed in Table IV.
To evaluate the performance, we only use the PSNR values of
the luminance (Y) components. As we can observe from the
results, the RDT approach outperforms the frame bit allocation
algorithm of [50] in most cases in terms of reducing quality
fluctuation. Meanwhile, the average PSNR performances are
comparable. Although the RDT approach suffered from larger
buffer fluctuation, no buffer overflow or underflow occurred.

Since we need to model the luminance and chrominance com-
ponents separately, the R-D modeling complexity is doubled.
However, as we have shown in the Tables II and III, the execu-
tion times for these JM- and RDT-based encoders are very close
since the computational complexity of the rate control part is in-
significant compared to that of the whole video coding system.
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Fig. 9. Reconstructed successive frames 135 and 136 of QCIF test sequence Mobile using JM algorithm, PSNR difference: 1.35 dB. (a) Reconstructed frame 135
(PSNR: 27.06 dB). (b) Reconstructed frame 136 (PSNR: 28.41 dB). (c) Distortion of reconstructed frame 135. (d) Distortion of reconstructed frame 136.

Fig. 10. Reconstructed successive frames 135 and 136 of QCIF test sequence Mobile using the proposed algorithm, PSNR difference: 0.10 dB. (a) Reconstructed
frame 135 (PSNR: 27.10 dB). (b) Reconstructed frame 136 (PSNR: 27.00 dB). (c) Distortion of reconstructed frame 135. (d) Distortion of reconstructed frame 136.

TABLE IV
SIMULATION RESULTS COMPARED WITH [50]

It is noted the RDT algorithm is also more complex than the
algorithm presented in [50] which is faster than the JM algo-
rithm. However, this price is reasonable in exchange for the im-
proved performance and neglectable additional complexity in
the encoder.

V. CONCLUSION

In this paper, we investigated the color video R-D modeling
problem and proposed the separable R-D models. Based on
a control-theoretic adaptation approach, we further proposed
a novel R-D tradeoff framework to smooth the video quality
which shows a good performance as demonstrated in our
simulation results. The overall quality is guaranteed and the
the bandwidth is efficiently utilized without buffer overflow or
underflow. From the results, we assert that a better subjective
visual quality is achieved by the proposed algorithm since
a smoother visual quality is more pleasing to look at than a
fluctuating one.
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