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Abstract — Constant bit-rate (CBR) encoding methods used 

for the real-time digital video applications such as terrestrial 
high definition television (HDTV) broadcasting often produce 
large picture quality fluctuation due to constraints on buffer size 
and buffering delay. In this paper, we propose a simple frame-
layer CBR encoding method which reduces large picture quality 
fluctuation of an encoded video under constant bit-rate and 
limited buffer size. We first define an intermediate encoder 
buffer level to be lower than the half of the maximum encoder 
buffer level. Then, the encoder buffer level is kept from being 
close to the maximum (or minimum) buffer level during 
encoding by slightly decreasing (or increasing) the number of 
bits estimated to encode each frame if the resulting buffer level 
becomes higher (or lower) than the intermediate buffer level. 
The experimental results show that the proposed CBR encoding 
method reduces the average local PSNR variation by 20.6% 
compared with previous CBR encoding method on average 
under constant bit-rate and limited buffer size1. 
 

Index Terms — Constant bit rate (CBR), picture quality 
fluctuation, overflow, underflow, rate control, video encoding.  

I. INTRODUCTION 

The advance of digital video technology has enabled a variety 
of new video delivery services such as terrestrial HDTV 
broadcasting which usually adopts CBR encoding methods to 
deliver encoded videos under constant bit-rate and limited 
buffer size due to the tight constraint on small initial buffering 
delay. For example, the ATSC (Advanced Television systems 
Committee) HDTV standard [1] limits the initial buffering delay 
to 0.5 seconds under 19.39 Mb/s. Since most existing CBR 
encoding methods [2]-[10] have focused on preventing  the 
overflow and underflow at the encoder buffer, there could occur 
the large picture quality fluctuation such as an abrupt 
degradation in picture quality which is annoying to HDTV 
viewers, in particular. Therefore, there is a need for a method 
for reducing the large picture quality fluctuation while avoiding 
the overflow and underflow during encoding. 
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A variety of encoding methods for CBR encoding have 
been proposed. The conventional CBR encoding methods [2]-
[8] including the JVT-G012 encoding method in the JM 
H.264/AVC reference software, maintain the running average 
of bit-rate of the encoded video close to a given target 
constant bit-rate and allocates bits to each frame without 
trying to lower the encoder buffer level when the buffer level 
is high. As a result, the picture quality could be fluctuated. 
Lee et al. [9] and Arachchi et al. [10] proposed methods for 
encoding frames containing large picture information changes 
as intra-frames. However, those methods are not suitable for 
real-time applications because the length of group of pictures 
(GOP) should be determined before an intra-frame is encoded, 
causing a large encoding delay. The buffer constrained VBR 
encoding methods [11]-[13] could work as a CBR encoding 
since they also prevent the overflow and underflow under a 
given constant bit-rate and buffer size, but those methods are 
not suitable for CBR applications because they allow larger 
buffer size and initial buffering delay. There exist the typical 
VBR encoding methods [14]-[17] which maintain consistent 
picture quality of an encoded video, but a large buffering 
delay could occur since there are no constraints on constant 
bit-rate and limited buffer size. 

Compared with the encoding methods described above, the 
encoding method [18] lead to better performance of reducing 
the picture quality fluctuation under constant bit-rate and 
limited buffer size. Rezaei et al. [18] proposed a buffer 
constrained VBR encoding method which could be used as a 
CBR encoding. This method determines the quantization 
parameter of each frame by employing a fuzzy logic to keep 
the encoder buffer level within a narrow range, yielding a 
stable level of the encoder buffer without the overflow or 
underflow. However, the picture quality fluctuation of the 
encoded video might occur because the buffer level varies 
only within a narrow range.  

In this paper, we propose a simple frame-layer CBR video 
encoding method which reduces the large picture quality 
fluctuation of the encoded video under constant bit-rate and 
limited buffer size. We first define an intermediate buffer level to 
be lower than the half of the maximum encoder buffer level, and 
estimate the number of bits to encode each frame by using a rate-
quantization model and the average value of quantization 
parameters recently used. Then, the encoder buffer level is kept 
from being close to the maximum (or minimum) buffer level 
during encoding by slightly decreasing (or increasing) the 
number of bits estimated to encode each frame if the resulting 
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encoder buffer level becomes higher (or lower) than the 
intermediate buffer level. This process makes the margin for the 
encoder buffer during encoding of each frame so that the 
overflow and underflow can be prevented. Since the proposed 
method adjusts the number of bits by a small amount, the picture 
quality of the encoded video would not be very different from 
that without bit adjustment. 

The experimental results show that the proposed CBR encoding 
method reduces the average local PSNR variation by 20.6% with a 
negligible decrease of the average PSNR of the encoded videos 
compared with the previous CBR encoding method on average 
under constant bit-rate and limited buffer size. 

The paper is organized as follows. In Section II, we 
describe a frame-layer CBR encoding method for reducing the 
large picture quality fluctuation. In Section III, we 
demonstrate the performance of the proposed method through 
experiments. Section IV concludes the paper.  

II. PROPOSED CBR ENCODING METHOD TO REDUCE 

LARGE PICTURE QUALITY FLUCTUATION 

In this section, we describe the proposed CBR encoding 
method to reduce the large picture quality fluctuation under 
constant bit-rate and limited buffer size. First, we explain a 
procedure to determine the quantization parameter for a 
current frame and then our rate-quantization (R-Q) model to 
estimate the number of bits to encode a frame for a given 
quantization parameter. 

A. Determination of Quantization Parameter for Current 
Frame 

Denoting the number of bits to encode a current frame fk 
with a quantization parameter q by bk(q), we first estimate 

( )k Nb q where Nq  is the average value of the quantization 

parameters used to encode recent N frames. Since the use of a 
constant quantization parameter during encoding yields 
consistent picture quality of the encoded video, the picture 
quality of fk encoded with Nq  becomes similar to the average 

picture quality of recent N frames if fk is encoded with ( )k Nb q . 

Although the actual value of ( )k Nb q can be obtained by 

encoding fk with Nq , ( )k Nb q is usually estimated to reduce 

computation by using a rate-quantization (R-Q) model which 
will be explained later. 

Once ( )k Nb q  is estimated, the encoder buffer level kl  after 

encoding fk can also be estimated. Let R and F denote the 
given bit-rate and frame-rate, respectively. Then, kl  is 

estimated by adding ( )k Nb q
 
to lk-1, and subtracting from the 

result the number of bits R/F corresponding to the encoded 
video data sent to the client device during the time interval of 
1/F as follows: 
 

  1 ( ) .k k k N

R
l l b q

F                               (1) 

 
Then, we slightly adjust ( )k Nb q  according to the estimated 

kl  to make the margin for the encoder buffer during encoding 

of each frame to prevent the overflow and underflow. By 
defining an intermediate buffer level LI to be lower than the 
half of Lmax, where Lmax represents the maximum encoder 

buffer level, an adjusted number of bits kb  allocated to encode 

fk is determined according to the estimated kl  as follows: 
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where ( )kl  is a function of kl to determine the size of kb , 

and min  and max  are the minimum and maximum values of 

( )kl  defined in the range of min0 1   and max1  , 

respectively. In this paper, the value of LI is experimentally set 

to 0.35×Lmax as described in Section III.  

The variation of ( )kl  with respect to kl  is plotted in Fig. 1. 

If kl  is higher than LI, the value of kb  is adjusted to be smaller 

than the estimated ( )k Nb q , reducing the number of bits to 

encode each frame. As a result, the encoder buffer level 
moves toward the intermediate buffer level LI. In this paper, 

min  is set to 0.6 in order to prevent the overflow with a small 

decrease in picture quality of the encoded frames for less 
picture quality fluctuation. Similarly, when the estimated kl  is 

smaller than LI, kb  is adjusted to be larger than the 

estimated ( )k Nb q  to prevent the underflow where max  is set 

to 1.5. 

After kb  is computed, a quantization parameter qk is 

determined to actually encode fk using the number of bits kb  
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Fig.  1. Variation of ( )kl  with respect to kl where min 0.6  , 

max 1.5   and LI = 0.35×Lmax. 
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as follows: 
 

max 1 max

arg min ( ) ,
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( ) (1 ) ,
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q
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            (3) 

 
where Q is a set of available quantization parameters defined 
in the video encoding standard, and   is a constant value to 

reserve space in the encoder buffer to prevent unintended 
underflow and overflow, which is typically set to 0.1. The 
value of bk(q) is estimated with the similar way of estimating 

( )k Nb q . After qk is obtained by using (3), fk is encoded using 

qk, and the quantization parameter for the next frame is 
calculated in the same way. 

B. Rate-Quantization Model 

The actual values of bn(q) can be obtained only after 
encoding fn with the quantization parameter q, but the actual 
encoding of a frame to obtain bn(q) for a large number of 
values of q is impractical because of high computational 
complexity. Therefore, we need to estimate the values of bn(q) 
using the appropriate rate-quantization (R-Q) model. The R-Q 
models proposed in [19]-[20] use MADn defined as the mean 
absolute difference between the original image fn and its 
reconstructed image based on the observation that more bits 
are needed to encode more complex frames. Since MADn is 
available only after fn is encoded, it is estimated from MADn-1 
in the conventional encoding schemes under the restrictive 
assumption that consecutive frames are similar [19]-[27]. 
However, the assumption often does not hold when there are 
large picture information changes. 

In this paper, we use a modified linear R-Q model used in 
our previous work [28] which uses the square root of the sum 
of absolute difference (SAD) between the frame fn and its 
reference frame as the measure for the picture information 
change during inter-frame coding of fn. Assuming one 
reference frame fn-L for simplicity where L is the distance 
between fn and fn-L, the picture information change of fn is 
simply estimated as 

 

1

( ) ( ) ,
I

n n n L n
i

X SAD f i f i


                      (4) 

 
where fn(i) is the pixel value in the original image fn, and I is 
the number of pixels in fn. It is experimentally found out that 
Xn well reflects the large picture information changes when L 
is equal to one. Thus, the modified linear R-Q model for inter-
frame fn using SADn is given as follows: 

 

step
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)(
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n

K X
b q

Q q
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where Qstep(q) gives the quantization step size which is a 
function of the quantization parameter q, and Kn is the model 
parameter to be determined by using the actual values of Xn-M, 
··· , Xn-1 which are the picture information changes for M 
recent inter-frames fn-M, … , fn-1, and the actual values of qn-M, 
··· , qn-1 and bn-M(qn-M), ··· , bn-1(qn-1) that were used to encode 
fn-M, … , fn-1. Note that the M recent inter-frames fn-M, … , fn-1 
which have the same frame type (P or B frame) as that of fn 
are used for calculating Kn.  

Denoting [Xn-M /Qstep(qn-M), Xn-M+1 /Qstep(qn-M+1), ··· , Xn-1 

/Qstep(qn-1)]
T and [bn-M(qn-M), bn-M+1(qn-M+1), ··· , bn-1(qn-1)]

T by a 
and b, respectively, and applying the least square method to 
(5) for M recent inter-frames in a similar way in [20], we 
arrive at 
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Letting am and bm be the m-th element of a and b, 

respectively, Kn is calculated with the following equation: 
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Then, bn(q) is estimated from (5). 
If the frame fn is an intra-frame, Kn is calculated based on  

qn-M, ··· , qn-1 and bn-M(qn-M), ··· , bn-1(qn-1) which are the actual 
values used to encode M recent intra-frames. However, the 
picture information changes Xn-M, ··· , Xn-1, Xn corresponding to 
M recent intra-frames and the current frame does not have to 
be taken into account because the number of bits to encode an 
intra-frame does not depend on other frames. Thus, the 
modified linear R-Q model for the intra-frame fn is given as 
follows: 

 

step

( ) .
( )
n

n

K
b q

Q q
                                  (8) 

 
Denoting [1/Qstep(qn-M), 1/Qstep(qn-M+1), ··· , 1/Qstep(qn-1)]

T and 
[bn-M(qn-M), bn-M+1(qn-M+1), ··· , bn-1(qn-1)]

T by a and b, 
respectively, Kn is calculated by applying the least square 
method to (8) for M recent intra-frames and using (6) and (7). 
Then, bn(q) is estimated from (8). 

III. EXPERIMENTAL RESULTS 
We evaluate the performance of the proposed method by 

implementing it based on the H.264/AVC reference software 
(JM 18.2) [2] on a PC with an Intel Core i7 2.8 GHz CPU and 
2 GB RAM. To compare the performance, we also 
implemented the previous encoding method [18]. Four CIF 
(352×288) and three HD (1920×1080) sequences are used for 
experiments. Among the three HD sequences, one sequence 
(HD Music Show) was generated from a terrestrial HDTV 
music show program containing the dance music and songs 
which have large picture information changes such as abrupt 
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brightness change, fast motion and scene change. The two CIF 
and one HD sequences were generated by concatenating two 
well known test sequences to simulate the scene change. For 
example, Akiyo-Foreman sequence was generated by 
concatenating Akiyo and Foreman sequences. In our 
experiments, the buffer size is set to 128 kb and 256 kb for 

CIF sequences when the bit-rate R is set to 256 kb/s and 512 
kb/s, respectively. For HD sequences, the buffer size is set to 
3 Mb and 5 Mb when R is set to 6 Mb/s and 10 Mb/s, 
respectively, assuming the initial buffering delay constraint of 
0.5 seconds and the initial buffer level is set to half of the 
buffer size. The video sequences are encoded with the IBP 
structure with GOP length of 15 frames. The frame-rate F is 
set to 30 f/s. 

Fig. 2 shows the comparison of the PSNRs, encoder 
buffer levels and the number of bits to encode each frame 
when Akiyo-Foreman and HD Music Show are encoded with 
the proposed method, and the previous encoding methods in 
JM 18.2 [2] and [18], where R is set to 512 kb/s and 6 Mb/s 
for Akiyo-Foreman and HD Music Show, respectively. With 
the previous encoding method [2], a large picture quality 
fluctuation occurs near the 300th frame of Akiyo-Foreman 
where a scene change exists, because the 300th frame is 
encoded with a large number of bits and the running average 
bit-rate becomes larger than the given target constant bit-rate, 
resulting that several frames after the 300th frame are 
encoded with a small number of bits to force the running 
average bit-rate to be equal to the given target constant bit-
rate. Moreover, the previous encoding method [2] allocates 
bits to each frame without trying to lower the encoder buffer 
level when the encoder buffer level is close to the maximum 
buffer level. Therefore, the picture quality of the encoded 
frames is degraded near the 140th frame of HD Music Show 
due to the lack of the available number of bits to encode the 
frames. 

(a)

(b) (c)

(d) (e)
 

Fig.  3. Comparison of the encoding results for the 311st frame of the 
Akiyo-Foreman. (a) An original input image. (b) A magnified original 
input image corresponding to the red-box in (a). (c) Result of the previous 
encoding method [2] (PSNR: 32.38dB). (d) Result of the previous 
encoding [18] (PSNR: 36.40dB). (e) Result of the proposed method
(PSNR: 39.36dB).  
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Fig. 2. Performance comparison of the proposed method and the
previous methods [2] and [18] for PSNRs, encoder buffer levels, and the 
number of bits to encode each frame: (a) Akiyo-Foreman (R = 512 kb/s).
(b) HD Music Show (R = 6 Mb/s). (The intermediate buffer level LI of the 
proposed method is plotted as green dashed lines.) 



H. Lee et al.: Frame Layer CBR Encoding to Reduce Large Picture Quality Fluctuation  1035 

 The previous encoding method [18] maintains the stable 
encoder buffer level without the overflow and underflow. But, 
the picture quality fluctuation occurs near the 300th frame of 
Akiyo-Foreman and the 140th frame of HD Music Show where 
the large picture information changes exist, because the 
numbers of bits to encode those frames cannot be increased to 
keep the encoder buffer level within a narrow range. 
Compared with the previous methods, the picture quality 
fluctuation of the encoded video is reduced by the proposed 
method, because the margin for the encoder buffer level is 
made by preventing the encoder buffer level from staying 
close to the maximum or minimum buffer levels during 
encoding of each frame to prevent the overflow and underflow.  

Comparison of the encoding results for the 311st frame of 
Akiyo-Foreman is shown in Fig. 3. We can see that the 
proposed method gives the better picture quality as compared 
with the previous encoding methods [2] and [18]. 

Table I and II show the performance comparison for the 
proposed CBR encoding method with the previous encoding 
methods [2] and [18]. The local PSNR variation is defined as 
the difference between the maximum PSNR and the minimum 
PSNR within the sliding window whose length is 15 frames. 
The average and maximum values of the local PSNR variation 
for each encoded video are presented in Table I and II to 
compare the degree of picture quality fluctuation of the 
encoded videos. The proposed method provides the lower 
average value of local PSNR variation by 20.6% and the 
lower maximum value of local PSNR variation by 28.9% on 
average in comparison with the previous encoding method 
[18] with a negligible decrease of the average PSNR of the 
encoded videos. These results demonstrate that the proposed 
method can reduce the large picture quality fluctuation of the 
encoded video compared with the previous encoding methods 
under constant bit-rate and limited buffer size. 

TABLE I 
PERFORMANCE COMPARISON OF THE PREVIOUS ENCODING METHODS [2] 

AND [18], AND THE PROPOSED CBR ENCODING METHOD FOR CIF 

SEQUENCES 

Sequence 
(# of Frames) 

Target 
Constant 
Bit-rate R 

Encoding 
Method 

Bit-rate 
(kb/s) 

Average 
PSNR 
(dB) 

Maximum of 
Local PSNR 
Variation* 

(dB) 

Average of 
Local PSNR 

Variation 
(dB) 

Akiyo-
Foreman 

 (600 frames) 
256 kb/s 

JM [2] 262.75 38.49 14.57 5.04 

[18] 256.34 38.76 13.76 3.10 

Proposed 257.47 38.70 8.37 1.97 

Akiyo-
Foreman 

(600 frames) 
512 kb/s 

JM [2] 523.71 41.48 17.60 5.00 

[18] 513.09 41.59 10.98 2.60 

Proposed 516.47 41.45 7.82 1.59 

Coastguard-
Hall monitor 
(600 frames) 

256 kb/s 

JM [2] 269.39 33.97 5.25 2.38 

[18] 253.72 34.00 4.92 2.02 

Proposed 252.24 33.83 3.54 1.27 

Coastguard-
Hall monitor 
(600 frames) 

512 kb/s 

JM [2] 524.88 36.23 4.66 2.42 

[18] 509.51 36.13 4.89 1.89 

Proposed 505.71 36.04 3.81 1.47 

Mother and 
Daughter 

(300 frames) 
256 kb/s 

JM [2] 265.03 41.93 8.42 1.80 

[18] 255.94 41.40 5.71 1.70 

Proposed 255.67 41.40 3.58 1.53 

Mother and 
Daughter 

(300 frames) 
512 kb/s 

JM [2] 522.34 44.53 4.43 2.00 

[18] 510.01 44.03 4.18 1.59 

Proposed 514.20 44.05 2.45 1.20 

Mobile 
(300 frames) 

256 kb/s 

JM [2] 265.41 25.52 4.46 2.88 

[18] 250.23 25.38 4.38 1.81 

Proposed 253.68 25.50 2.75 1.96 

Mobile 
(300 frames) 

512 kb/s 

JM [2] 525.28 29.13 6.84 2.87 

[18] 501.40 28.80 5.31 1.99 

Proposed 504.02 28.74 3.18 1.77 

Average 
(256 kb/s) 

JM [2] 265.65 34.98 8.18 3.03 

[18] 254.06 34.89 7.19 2.16 

Proposed 254.77 34.86 4.56 1.68 

Average 
(512 kb/s) 

JM [2] 524.05 37.84 8.38 3.07 

[18] 508.50 37.64 6.34 2.02 

Proposed 510.10 37.57 4.32 1.51 

*The local PSNR variation is defined as the difference between the maximum 
PSNR and the minimum PSNR within the sliding window whose length is 15 
frames. 
 

TABLE II 
PERFORMANCE COMPARISON OF THE PREVIOUS ENCODING METHODS 

[2] AND [18], AND THE PROPOSED CBR ENCODING METHOD FOR HD 

SEQUENCES 

Sequence 
(# of Frames)

Target 
Constant 
Bit-rate R 

Encoding 
Method

Bit-rate 
(Mb/s) 

Average 
PSNR 
(dB) 

Maximum of 
Local PSNR 

Variation 
(dB) 

Average of 
Local PSNR 

Variation 
(dB) 

HD Music 
Show 

(600 frames) 
6 Mb/s 

JM [2] 6.34 38.41 9.74 4.73 

[18] 5.99 38.20 12.21 3.88 

Proposed 5.97 38.18 6.19 2.98 

HD Music 
Show 

(600 frames) 
10 Mb/s 

JM [2] 10.89 40.26 7.71 4.06 

[18] 10.00 39.36 15.00 3.33 

Proposed 9.99 40.08 14.05 2.51 

ParkJoy 
(250 frames) 

6 Mb/s 

JM [2] 7.37 27.40 5.03 3.35 

[18] 5.90 26.64 5.45 2.75 

Proposed 5.80 26.57 3.26 2.18 

ParkJoy 
(250 frames) 

10 Mb/s 

JM [2] 10.84 29.51 4.95 3.60 

[18] 9.85 28.48 4.69 3.00 

Proposed 9.71 28.41 3.60 2.28 

Duck Take 
Off-Crow Run
(500 frames) 

6 Mb/s 

JM [2] 6.40 28.23 5.32 4.02 

[18] 5.99 27.96 3.98 2.39 

Proposed 5.98 27.96 3.68 2.11 

Duck Take 
Off-Crow Run
(500 frames) 

10 Mb/s 

JM [2] 10.79 30.29 6.95 4.63 

[18] 10.01 29.93 4.68 2.41 

Proposed 9.97 29.91 4.52 2.13 

Average 
(6 Mb/s) 

JM [2] 6.70 31.35 6.70 4.03 

[18] 5.96 30.93 7.21 3.01 

Proposed 5.92 30.90 4.38 2.42 

Average 
(10 Mb/s) 

JM [2] 10.84 33.35 6.54 4.10 

[18] 9.95 32.59 8.12 2.91 

Proposed 9.89 32.80 7.39 2.31 
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Fig. 4 shows the effect of the various values of the 
intermediate buffer level LI in (2) on the average value of  
local PSNR variation when Akiyo-Foreman is encoded 

with the proposed method. A value of LI lower than the 
half of Lmax helps the encoder buffer to have more margin 
and therefore there are more chances to allocate adequate 
number of bits to encode frames as needed. In our 

experiments, LI is set to 0.35×Lmax which minimizes the 

average value of local PSNR variation as we can see in 
Fig. 4. 

IX. CONCLUSION 

We have proposed the simple frame-layer CBR 
encoding method which reduces the large picture quality 
fluctuation of an encoded video under constant bit-rate 
and limited buffer size. To make the margin for the 
encoder buffer to prevent the overflow and underflow, an 
intermediate buffer level is defined to be lower than the 
half of the maximum encoder buffer level and the encoder 
buffer level is kept from being close to the maximum (or 
minimum) buffer level during encoding by slightly 
decreasing (or increasing) the number of bits estimated to 
encode each frame if the resulting buffer level becomes 
higher (or lower) than the intermediate buffer level. The 
experimental results show that the proposed CBR 
encoding method reduces the average local PSNR 
variation by 20.6% comparing with the previous CBR 
encoding method on average under constant bit-rate and 
limited buffer size. 
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