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ABSTRACT
Leaky prediction based FGS (Fine Granularity Scalability) can achieve better coding eﬃciency than the baseline
FGS. However, for leaky prediction based FGS (L-FGS), constant quality constrained bit allocation, i.e., how to
optimally allocate bits given the current channel bandwidth, is still an open problem. In this paper, based on the
accurate R-D (Rate-Distortion) model developed in our previous work, we propose a constant quality constrained
bit allocation scheme for L-FGS. The proposed scheme is a combination of oﬄine and online processes. During
the oﬄine stage, we perform the L-FGS encoding and collect the necessary feature information. At the online
stage, given the transmission bandwidth at that time, we quickly estimate the R-D curves of a sequence of
consecutive video frames based on our previously developed R-D model and then perform the corresponding
bit allocation using a sliding window technique. Experimental results show that our proposed bit allocation
algorithm can achieve much more smooth video quality than the traditional uniform bit allocation under both
CBR (constant bit rate) and VBR (variable bit rate) channels.
Keywords: Constant quality, bit allocation, rate-distortion, ﬁne granularity scalability, leaky prediction

1. INTRODUCTION
With the development of multimedia communication techniques, video streaming applications over Internet
and wireless networks become more and more popular in the recent years. For video streaming applications,
heterogeneity is a very challenging problem. The heterogeneity may come from diﬀerent users’ requirements,
diﬀerent receiver devices, diﬀerent access networks, diﬀerent network conditions and etc. 1 Therefore, it is desired
that the video coding rate can be adaptively adjusted according to the the particular condition. Scalable video
coding is a common approach for providing rate adaptation.
Among various scalable video coding schemes,2–4 FGS (Fine Granularity Scalability)5 is the scalable coding
technique adopted in MPEG-4.6 Like other layered scalable video coding techniques, the basic idea of MPEG-4
FGS is to encode a video sequence into two layers: a base layer and an enhancement layer. The base layer
is coded with the same method as non-scalable coding schemes such as MPEG-4, while the FGS enhancement
layer is coded bitplane by bitplane. There is no temporal prediction in the FGS enhancement layer, which
can prevent successive frames from error propagation at the cost of lower coding eﬃciency. Compared with
traditional scalable coding schemes, the advantage of FGS video coding is that the enhancement layer can be
truncated at any position, which provides ﬁne granularity scalability.
To improve the coding eﬃciency of FGS, recently, many schemes have been proposed. 7–9 The common
idea of these schemes is to make a better balance between the coding eﬃciency and error robustness by smartly
introducing high quality reference frames to remove the temporal redundancy for the enhancement layer. Among
all these schemes, the robust FGS (RFGS)9 is the most representative technique, which employs two parameters,
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i.e., the number of bitplanes and the amount of predictive leak, to control the construction of reference frames
for the tradeoﬀ among the coding eﬃciency and the amount of drift. In this paper, we denote such leaky
prediction9–11 based FGS coding as L-FGS.
For video streaming applications, although rate adaptation can be easily realized in FGS video coding by
bit truncation, there is a fundamental problem, i.e., how to truncate bits given the channel bandwidth. The
simplest method is the uniform bit truncation.5 However, this will cause low coding eﬃciency and video quality
ﬂuctuation among adjacent frames due to the non-stationary property of video signals, i.e., the ﬂickering artifact.
Therefore, it is desired to have optimal bit truncation/allocation among video frames in order to achieve constant
video quality and improve the coding eﬃciency. Note that constant quality constrained bit allocation on the other
hand will cause rate ﬂuctuation which can be solved by carefully choosing the buﬀer size and the pre-loading
time in video streaming applications.
In the past few years, many constant quality constrained bit allocation schemes 12, 13 have been proposed for
the FGS video coding. In,12 Zhang et al. constructed accurate R-D curves for the baseline FGS by extracting
the R-D points during the encoding process followed by linear interpolation between neighbor R-D points. Based
on the obtained R-D curves, a sliding window bit allocation scheme was proposed to realize the aim of constant
quality. Zhao et al.13 also proposed a constant quality rate control scheme for MPEG-4 FGS video. Compared
with,12 the work in13 performed the constant quality rate control for both the base layer and the enhancement
layer.
However, constant quality constrained bit allocation for L-FGS is still an open problem. The diﬃculty lies in
obtaining accurate R-D curves for L-FGS due to the dependency among video frames. In our previous work, 14 we
have proposed a novel rate-distortion (R-D) model for L-FGS video coding. This proposed R-D model considers
not only the distortion introduced in the current frame and the propagated distortion from the reference frame
due to rate adaptation, but also the correlation between them. In this paper, based on our previously developed
R-D model, we propose a constant quality constrained bit allocation scheme for L-FGS. The proposed scheme
is a combination of oﬄine and online processes. During the oﬄine stage, we perform the L-FGS encoding and
collect the necessary feature information for the later online R-D estimation. At the online stage, given the
transmission bandwidth at that time, we quickly estimate the R-D curves of a sequence of consecutive video
frames based on the proposed R-D model and then perform the corresponding bit allocation using the sliding
window technique.
The rest of this paper is organized as follows. Section 2 gives an overview of the leaky prediction based FGS.
Section 3 gives an brief introduction of our previously proposed R-D model for L-FGS. Based on the R-D model,
Section 4 describes the proposed constant quality constrained bit allocation scheme for L-FGS and Section 5
shows the experimental results. Finally, Section 6 concludes this paper.

2. OVERVIEW OF LEAKY PREDICTION BASED FGS
Using symbol deﬁnitions in Table 1, in a typical L-FGS system, the base layer residue e B (n, i) is obtained by
eB (n, i) = F (n, i) − F̂B (n − 1, j),

(1)

where F̂B (n − 1, j) is the motion-compensation reference frame. eB (n, i) and motion vectors are compressed into
the base layer. Correspondingly, the base layer reconstruction, F̂B (n, i), is given by
F̂B (n, i) = F̂B (n − 1, j) + êB (n, i).

(2)

After the prediction from the base layer, the enhancement layer data can be represented as
FE (n, i)

= F (n, i) − F̂B (n, i)
= F (n, i) − F̂B (n − 1, j) − êB (n, i).

(3)

In the baseline FGS,5 the enhancement layer data is directly compressed into the enhancement layer, i.e,
eE (n, i) = FE (n, i).
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(4)

Table 1. The symbol definitions.

F (n, i)
F̃ (n, i)
F̂B (n, i)

:
:
:

eB (n, i)
êB (n, i)
FE (n, i)
F̂E (n, i)

:
:
:
:

F̃E (n, i)
F̂Ep (n, i)

:
:

F̃Ep (n, i)

:

eE (n, i)

:

êE (n, i)
ẽE (n, i)

:
:

The original value of pixel i in the n-th video frame.
The received high quality value of pixel i in the n-th video frame at the decoder.
The base layer reconstruction value of pixel i in the n-th video frame in the base
layer prediction loop at the encoder.
The base layer residue value of pixel i in the n-th video frame.
The reconstructed base layer residue.
The enhancement layer data after the prediction from the base layer.
The reconstructed enhancement layer data in the enhancement layer prediction
loop at the encoder.
The reconstructed enhancement layer data at the decoder.
The partial data of the reconstructed enhancement layer data, which is used in
the enhancement layer prediction loop at the encoder.
the partial data of the reconstructed enhancement layer data, which will be used
in the enhancement layer prediction loop at the decoder.
The enhancement layer residue after all the predictions, including the predictions
from both the base layer and the enhancement layer.
The reconstructed enhancement layer residue at the encoder.
The enhancement layer residue received at the decoder.

However, in the L-FGS, the high quality reference frame is introduced in the enhancement layer with a leaky
factor αn , and only the partial data of the reconstructed enhancement layer frame is used as the reference frame
to make a better tradeoﬀ between the coding eﬃciency and the robustness to drift errors. 9 In L-FGS, the
enhancement layer residue eE (n, i) can be expressed as
eE (n, i) = F (n, i) − êB (n, i) − (F̂B (n − 1, j) + αn−1 F̂Ep (n − 1, j)),

(5)

where the same motion vectors generated in the base layer encoding are applied to the enhancement layer
prediction coding in order to avoid re-conducting the most time-consuming motion estimation process. Note
that F̂Ep (n, i) is the partial data of F̂E (n, i). Combining with Eqn. (3) , we simplify eE (n, i) as
eE (n, i) = FE (n, i) − αn−1 F̂Ep (n − 1, j)

(6)

Correspondingly, the enhancement layer reconstruction at the encoder is
F̂E (n, i) = αn−1 F̂Ep (n − 1, j) + êE (n, i),

(7)

which will be stored in the buﬀer for the encoding of the next enhancement layer frame.
Similar as in,14 in this paper, we only consider introducing high quality reference frames in the enhancement
layer, and keep the same encoding structure in the base layer as the baseline FGS. In addition, we assume that
the bandwidth is always enough for transmitting the entire base layer and thus the truncation for rate adaptation
only happens in the enhancement layer. H.263+ instead of MPEG-4 is employed to encode the base layer for
simplicity. We only consider encoding video sequences with a pattern of one I-frame followed by all P-frames and
TMN8 is used as the rate control scheme for the base layer. The L-FGS enhancement layer is encoded bitplane
by bitplane, the same as that in the MPEG-4 FGS.

3. RATE-DISTORTION ANALYSIS OF L-FGS
During the transmission, the L-FGS enhancement layer bitstream will be truncated and only partial enhancement
layer data will be delivered to the receiver to adapt to the channel bandwidth. In order to perform the optimal
bit allocation in the enhancement layer, the key problem is to have the accurate R-D function for the L-FGS
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video coding. This section will give a brief introduction of our previously developed R-D model for the L-FGS
video coding.14
Let D(n) denote the overall distortion, based on the assumption that the whole base layer of L-FGS can be
completely received and decoded, the distortion D(n) comes from two parts, i.e., the distortion produced by
truncating bits in the current enhancement layer frame, denoted as DI (n), and the distortion propagated from
the previous frame due to the leaky prediction, denoted as DP (n − 1). DI (n) and DP (n − 1) are deﬁned as
DI (n) = E{[FE (n, i) − αn−1 F̂Ep (n − 1, j) − ẽE (n, i)]2 },

(8)

DP (n − 1) = E{[F̂Ep (n − 1, i) − F̃Ep (n − 1, i)]2 },

(9)

where E{} represents the average values over all pixels and
frame of FE (n, i).

F̂Ep (n

− 1, j) is the motion-compensation reference

In,14 it is found that D(n) can be approximated as
2
D(n) = DI (n) + αn−1
ρn−1 DP (n − 1) + (an + bn



DI (n))



DP (n − 1),

(10)

where an and bn are the constants, and an and bn are diﬀerent for diﬀerent frames. ρn−1 is a constant describing
the motion randomness of the video scene, which can be calculated as
ρn−1 =

E{[F̂Ep (n − 1, j) − F̃Ep (n − 1, j)]2 }
.
DP (n − 1)

(11)

DI (n) can be calculated using the similar method employed in,12, 15 i.e., the linear interpolation technique,
which can be performed at the oﬄine encoding stage. In order to compute DP (n − 1), two situations should be
considered.
(1) The amount of the allocated bits in the enhancement layer is smaller than that for the partial leaky prediction,
i.e., F̃E (n − 1, i) = F̃Ep (n − 1, i). In this case, DP (n − 1) can be calculated as

(12)
DP (n − 1) = D(n − 1) − E{[FE (n − 1, i) − F̂Ep (n − 1, i)]2 } − (cn−1 + dn−1 D(n − 1)),
where cn−1 and dn−1 are two constants, and the value of E{[FE (n − 1, i) − F̂Ep (n − 1, i)]2 } can be computed in
the oﬄine stage.
(2) The amount of the allocated bits in the enhancement layer is larger than or equal to that for the partial
leaky prediction. Thus, DP (n − 1) can be calculated as
DP (n − 1)

= E{[αn−2 F̂Ep (n − 2, j) − αn−2 F̃Ep (n − 2, j)]2 }
2
= αn−2
ρn−2 DP (n − 2).

(13)

Note that, since the ﬁrst frame (Frame 0) is intra-coded, D(0) = DI (0) and DP (0) can be calculated in the
oﬄine stage. At the online stage, based on the R-D model described above, we can estimate D(n) for any value
of n given the current allocated bandwidth.

4. CONSTANT QUALITY CONSTRAINED BIT ALLOCATION
In this section, we will apply the R-D model described in the previous section to solve the problem of constant
quality constrained bit allocation for L-FGS.
Since the base layer is pre-encoded at the ﬁxed bit rate, i.e., the lower bound of a bandwidth range, we only
consider the bit allocation in the enhancement layer. We assume the transportation channels are piece-wise static
channels, covering both the considered CBR and VBR channels. The constant quality constrained bit allocation
problem can be formulated as
min

i+W
i −1


||D(j) − D(j − 1)||,

subject to

i+W
i −1


j=i+1

j=i

Bj ≤

R i · Wi
,
F
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(14)

where i is the index of the current frame, F is the frame rate, Wi is the current sliding window size (in number
of frames), and Ri is the current channel bit rate (in kbps). Note that at the time of allocating bits for the i-th
frame, we only know the available channel bandwidth Ri at that time and we assume Ri remains unchanged
over the entire sliding window Wi . This assumption is reasonable for piece-wise static channels, in which there
exists strong correlation among adjacent time intervals.
Similar to,13 we develop a sliding window scheme with bisection search to solve the problem shown in
Eqn. (14). The basic idea is that, in each sliding window, we set a distortion D and make each frame have a
distortion as close to D as possible by choosing appropriate rates. We repeat this procedure until a minimum
distortion under the rate constraint is found. The detailed algorithm is described as follows.
Step 1: Initialize i = 1 and δ0 = 0, where δi is used to denote the diﬀerence between the total allocated
number of bits and the total available channel bandwidth up to the frame i.
Step 2: Set Dlow = 0, and assign the minimum distortion and the maximum distortion among all the base
layer frames within the current sliding window Wi to Dtemp and Dhigh , respectively.
Step 3: Calculate the target number of bits Bj , j = i, · · · , i + Wi − 1, for each frame in the sliding window to
make Dj equal to or closest to Dtemp based on the R-D model described in the previous section.
i+W −1
i+W −1
D
+D
Step 4: If j=i i Bj < RiF·Wi −δi−1 , set Dhigh = Dtemp and Dtemp = low 2 high . Or else, If j=i i Bj >
Ri ·Wi
F

D

+D

− δi−1 , set Dlow = Dtemp and Dtemp = low 2 high .
i+W −1
Step 5: If | j=i i Bj − RiF·Wi + δi−1 | > M indif f · Wi , where M indif f is the predeﬁned threshold which
is used to control the rate adaptation accuracy, return to Step 3. Otherwise, the current value of B i is used as
the allocated number of bits for the frame i.
Step 6: Move to the next window. Update δi = δi−1 + Bi −
Step 2; otherwise stop.

Ri
F

and i = i + 1. If there is any frame left, go to

Note that in this algorithm, for simplicity, we only consider the optimal bit allocation among all P frames
and just assign the available bandwidth to the I-frame.

5. EXPERIMENTAL RESULTS
In this section, we conduct experiments to test the performance of the proposed bit allocation scheme. The
experiments are performed on two QCIF format video sequences. The ﬁrst video sequence is the Foreman
sequence with 300 frames, which contains large facial movements and camera panning at the end. The second
one is the Akiyo sequence with 300 frames, which contains low activity (slow motion). Both video sequences
are coded at 10 fps. The base layers are coded at 32 kbps for the Foreman sequence and 16 kbps for the Akiyo
sequence, respectively. In the enhancement layer encoding of the Foreman sequence, for each frame, an amount
of 16 kbits is used in the partial prediction with a leaky factor of 0.7. For the Akiyo sequence, an amount of 11
kbits is used in the partial prediction with a leaky factor of 0.8 for each frame. It should be noted that although
in this paper we use the same amount of bits for partial prediction and the same leaky factor for each frame, it
will be interesting to apply diﬀerent bits and diﬀerent leaky factors to diﬀerent frames, which is out of the scope
of this paper.
We compare three bit allocation approaches: the uniform bit allocation method, our proposed bit allocation
algorithm with W = 40 and our proposed bit allocation algorithm with W = 80, where W is the sliding window
size. Fig. 1 shows the distortion results of adapting the QCIF Foreman sequence to CBR channels of 64 kbps
and 128 kbps. Fig. 2 shows the distortion results of adapting the QCIF Akiyo sequence to CBR channels of 48
kbps and 80 kbps. It can be seen that our proposed constant quality constrained bit allocation scheme achieves
much more smooth video quality than the uniform bit allocation. In addition, we can see that the case with
larger sliding window size has smaller distortion variation. This is because for lager sliding window size the frame
qualities are averaged over a wider range. Note that, for the case of adapting Foreman sequence to 64 kbps, there
is an inconsistent hole as shown in Fig. 1. That is caused by the CBR coding in the base layer and insuﬃcient
bits for the enhancement layer. Table 2 gives a summary of adapting diﬀerent video sequences to diﬀerent CBR
channels. “Distortion STD” (σD ) denotes the standard deviation of the frame distortions, which is calculated as
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σD



L
L
1 
1
= 10log10 
(D(i) −
D(j))2 ,
L i=1
L j=1

(15)

where L is the total number of frames. From the table, we can see that the average distortion of our proposed
bit allocation is slightly lower than that of uniform bit allocation. The reduction of the distortion standard
deviation (STD) is outstanding with at least 3 dB reduction.
Figs. 3 and 4 show the distortion performance of adapting the QCIF Foreman and Akiyo sequences to the
time varying channels, respectively. Again, our proposed bit allocation scheme outperforms the uniform bit
allocation method. It can be observed from the ﬁgures that our proposed bit allocation scheme can adapt to the
time varying channels while still able to locally keep the consistent quality.

6. CONCLUSIONS
In this paper, we have proposed the constant quality constrained bit allocation scheme for L-FGS. The experimental results have demonstrated that the proposed scheme signiﬁcantly outperforms the traditional uniform
bit allocation and is able to achieve very consistent video quality. In the future, we will consider more practical
issues such as the bit allocation under the constraints of pre-loading time and buﬀer size. We will also look into
how to adaptively choose the leaky prediction factor.
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Figure 1. Distortion for adapting the L-FGS coded QCIF Foreman sequence to CBR channels. Left: QCIF Foreman at
64 kbps. Right: QCIF Foreman at 128 kbps.
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Figure 2. Distortion for adapting the L-FGS coded QCIF Akiyo sequence to CBR channels. Left: QCIF Akiyo at 48
kbps. Right: QCIF Akiyo at 80 kbps.
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Figure 3. The simulation results for adapting the L-FGS coded Foreman sequence to the VBR channel. Left: Available
bandwidth. Right: Distortion performance with window size=80.
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Table 2. The performance comparison between the uniform bit allocation and our proposed scheme.

Video
Sequence

Channel
Rate
(kbps)

Bit Allocation
Scheme
Uniform
Proposed (W = 40)
Proposed (W = 80)
Uniform
Proposed (W = 40)
Proposed (W = 80)
Uniform
Proposed (W = 40)
Proposed (W = 80)
Uniform
Proposed (W = 40)
Proposed (W = 80)
Uniform
Proposed (W = 40)
Proposed (W = 80)
Uniform
Proposed (W = 40)
Proposed (W = 80)

32+32

Foreman

32+64

32+96

16+32

Akiyo

16+64

16+96

Average
Distortion
(dB)
17.88
17.68
17.67
16.40
16.31
16.31
14.98
14.82
14.86
11.72
11.64
11.59
9.88
9.54
9.48
7.76
7.65
7.66

Distortion
STD
(dB)
11.80
6.64
4.47
10.16
5.03
-1.30
9.08
4.73
-1.00
4.84
1.60
-2.92
3.56
0.46
-6.18
-1.59
-6.24
-7.41
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Figure 4. The simulation results for adapting the L-FGS coded Akiyo sequence to the VBR channel. Left: Available
bandwidth. Right: Distortion performance with window size=80.
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