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Abstract— In this paper we determine the number
of bits to be used for the encoding of the anchor
frame in low bit rate video coding in order to improve
the quality of the next and subsequent frames to be
encoded. This problem is important in a real time
video communication system. We use a progressive
method for the transmission of the anchor frame.
We develop two methods for determining the optimal
number of bits to be allocated to the first frame in
on line video communication applications.

I. INTRODUCTION

N most approaches known today for low bit rate

video coding, no particular attention is given to
the effect of the number of bits allocated to the
first (intra, anchor) frame of the image sequence on
the overall quality of the reconstructed sequence.
A fixed Quantization Parameter (QP) or a fixed
number of bits is used for the anchor frame. How-
ever, this approach is certainly not optimal. Assum-
ing that we are using a constant bit rate channel,
the number of bits used for the anchor frame cor-
responds to a certain time delay. For example, if
the bit rate of the channel is R bits per second and
we use r bits for the anchor frame, the transmission
of that frame will take r/R seconds and we will be
able to code the next frame after this time passes.
Any frames that become available to the coder while
transmitting the anchor frame are discarded. The
next frame to be coded will be the one that arrived
on or just before the time when the transmission of
the anchor frame ended.

Clearly, there should be an optimal time to be
alotted to the transmission of the anchor frame. Of
course, this time will not be the same for all image
sequences. If we spend a lot of bits for the intra
frame, we will get a better quality of the recon-
structed intra frame. In principle, better quality
of the reconstructed intra frame will lead to bet-
ter quality of the next reconstructed (inter) frame,
as long as the time delay is not that great that will
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cause the correlation of the two frames to be too low.
Thus, the time used for the intra frame should be
large enough to yield a good quality reconstructed
frame but not too large so that the first frame and
the next frame to be coded are uncorrelated.

As mentioned earlier, we are primarily interested
in low bit rate video coding. Thus, we assume that
only one intra frame, the first frame of the sequence,
is sent, and all subsequent frames are coded using
prediction (inter frames). We based our work on
the H.263 video compression standard (1}, [2], since
it is currently the de facto standard for low bit rate
video coding.

To make the decision on when we should stop
coding the intra frame and start coding the next
(inter) frame we should have some data on the image
sequence. Thus, this decision has to be made in
real time after the coding of the intra frame has
started and some more frames are available to the
coder. This leads us to modify the H.263 coder and
use a progressive method to code the intra frame,
so that we are able to stop coding it at any time.
The method we use here is the Embedded Zerotree
Wavelet (EZW) method [3], [4], [5].

Here, we assume that our channel is an error-
free constant bit rate channel. Our discussion is
applicable to this model. There are other channel
models that are used for video transmission such as
variable bit rate channel models which are suitable
for Asynchronous Transfer Mode (ATM) networks,
as described in [6].

II. THE EMBEDDED ZEROTREE WAVELET
METHOD

As noted previously, a progressive method is re-
quired for the encoding of the anchor frame in order
for us to be able to stop the transmission at any time
while the decoder is able to decode the anchor frame
using the already transmitted bits.

Embedded coding is the same concept as binary
finite-precision representations of real numbers. All
real numbers can be represented by a string of bi-
nary digits (bits). More precision is added to the
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representation for each bit we add to the right of
the binary number. However, the encoding can stop
at any time and provide the best available represen-
tation of a real number using the specified number
of bits. Similarly, the Embedded Zerotree coder can
stop at any time and the bit stream can be decoded.

The EZT method performs a wavelet transform
on the image. The wavelet transform coefficients
are then encoded progressively. More information
can be found in [3], [4].

JII. FORMULATION OF THE PROBLEM

As mentioned in the introduction, we want to find
the best point in time in which we should stop en-
coding the anchor frame. In the following, we intro-
duce the notation which we will use in the remainder
of this paper.

We assume that we want to code an image se-
quence with a given frame rate in real time. The
sequence is to be transmitted over a constant bit
rate channel. Let r be the number of bits we use for
the first frame, SNR1 the peak signal-to-noise ratio
(PSNR) of the reconstructed first frame, and SNR2
the PSNR of the next reconstructed frame. The
peak SNR of a 8-bit reconstructed image £(z,j) is
given by

2552
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M and N are the dimensions of the image and z(3, j)
is the original image.

Our goal is to maximize SNR2 provided that the
time delay is acceptable and about the same number
of bits is used for the next (second encoded) frame
at all times to have a fair comparison.

After the second encoded frame, we use our rate
controller to achieve a constant bit rate. We expect
the time distance and subsequently the correlation
between the rest of the frames to be approximately
the same. Thus, we expect that good quality of the
second encoded frame will carry over to the next
frames, at least in the short run. For this reason we
chose the maximization of SNR2 as our objective.

The solution we propose is to treat SNR1 and
SNR2 as time series with index the number of source

frames that correspond to the bits alotted to the
first frame. For example, if the frame rate is 30
frames per second and we give half a second for the
coding of the first frame, then, the next frame to be
coded will be frame 15. Thus, the PSNR of the first
and next frames will be denoted as SNR1[15] and
SNR2[15].

We assume that SNR2[n] will have one maximum
or, at least, it has one maximum we are interested
in, due to our other restrictions, such as acceptable
time delay. In the following, we consider two dif-
ferent solutions to the problem, depending on what
data we assume we have available to determine the
best time when we should stop encoding the anchor
frame.

IV. Case 1: PasT VALUEs OF SNR1[n] AND
SNR2[n] ARE KNOWN

Here, we assume that we know the values of
SNR1[n] and SNR2[n] up to the corresponding in-
dex n (the index which corresponds to the point we
are in time). Also, as noted previously, we assume
that SNR2[n] has one maximum. Thus, our prob-
lem reduces to finding the maximum of SNR2[n].
Experimental results show that SNR2[n] is virtually
always monotonically increasing up to its maximum.
Thus, we can wait until SNR2[n] starts to decrease
and stop at that point. Clearly, we will not get the
maximum SNR2[n|, since it will have decreased a
little. The index n we get using this method is the
“optimal” n plus 1. In practice, we do not lose much
quality in SNR2[n], since the decline in its value is
small.

The drawback of this method is that we need to
calculate the value of SNR2[n] for every n in real
time. This means that we need to perform the mo-
tion compensation, block transform and reconstruc-
tion of the second frame for each value of n.

V. Case 2: SNR2[n] 15 NOT KNOWN

Let us suppose that we cannot calculate SNR2[n]
in real time, but we have instead SNR1[n]. Evalua-
tion of SNR1[n] requires far less computation, thus
it is realistic to assume that we have SNR1[n] but
not SNR2[n]. However, it is clear that we need a
second piece of data in order to estimate the index
n which results in the maximum SNR2[n].

As mentioned earlier, SNR2[n] is a function of
SNR1[n] and the correlation between the first frame
and frame n. A quantitative measure for the cor-
relation can be the frame difference (FD) or better,
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the displaced frame difference (DFD). The FD be-
tween images z(i,j) and y(¢, ) is defined as

=1 ]:1

) =y (3)

while, the DFD between images (4, j) and y(i, j) is
defined as

1 M N
DFD = WZZ 1 .7)'_ 7’ j)]Za (4)

i=1 j=1

where %(4,7) is the displaced original image, after
motion compensation is performed.

In order for FD and DF D to be in the same units
(dB) as SNR1[n] and SNR2[n], we use the following
quantities.

2552

F =101
Dyp = 10log —— 7D (5)
and
DFDyp = 101og 220 ()
B = VOB [Ep

We can assume that we have a system with
SNR1[n] and the correlation as inputs and SNR2[n]
as output. This system is likely to be nonlinear but,
intuitively, we expect it to be memoryless. Thus,
the problem reduces to identifying this nonlinear
and memoryless system.

Assuming that we use the DFD as a measure of
correlation, this is equivalent to estimating the func-
tion:

SNR2[n] = f(SNR1[n}, DFD[n]). (M

The approach we follow is to find some data
points of this function using experimental data and
then use interpolation to estimate the value of
SNR2[n] given SNR1[n} and DFD[n]. The interpola-
tion method we use is the Biharmonic Spline Inter-
polation [7]. This method allows us to have SNR1[n]
and DFD|n] values at “random” points rather than
regularly spaced points. In the following, we de-
scribe the Biharmonic Spline Interpolation in one
and two or more dimensions.
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Fig. 1. The biharmonic function w(z) is found by applying
point forces to a thin elastic beam or spline

A. Biharmonic Spline Interpolation in One Dimen-
sion

We wish to find a biharmonic function which
passes through N data points. Draftsmen in
the 19th century solved the problem by attaching
weights to an elastic beam or spline and position-
ing the weights so that the spline passed through
the data points. The forces imposed on the spline
by each weight kept it bent. For small displace-
ments, the spline has zero fourth derivative except
at the weights (See figure 1). The point force Green
function ¢(z) for the spline satisfies the biharmonic
equation:

d* gb
dz*

where §(z) denotes the delta function.
The particular solution to (8) is given by

= 64(z), ®)

¢(z) = |a|*. 9)

When the Green function w(z) is used to interpo-
late N data points, w;, located at z;, the problem
becomes the solution of

dw N
—&_15—4 — ZGajé(x—xj),
j=1
with w(z;) = w;. (10)

The particular solution to (10) is a linear combina-
tion of point force Green functions centered at each
data point, given by

281



282

JEEE Transactions on Consumer Electronics, Vol. 43, No. 3, AUGUST 1997

N
w(z) =Y ayle — a4l (11)
j=1

The strength of each point force, «;, is found by
solving the following linear system of equations

N
w; = Zaj|xi—a:j|3. (12)
j=1

Once the ¢;’s are determined, the biharmonic func-
tion w(z) can be evaluated at any point using (11).

B. Biharmonic Spline Interpolation in Two or
More Dimensions

The derivation of the technique in two or more
dimensions is similar to the derivation in one di-
mension. For N data points in m dimensions, the
problem becomes

N
Viw(x) = Z a;0(x — x;),
j=1

with w(x;) = ws, (13)
where V* is the biharmonic operator and x is a
position in the m-dimensional space. The general
solution is given by

N
w(x) = Zajcbm(x—xj). (14)
7j=1

Again, we find the o;’s by solving the linear sys-
tem of equations

N
wW; = Zajqﬁm(m - X]‘). (15)
=1

Once the o;’s are determined, the biharmonic
function w(x) can be evaluated at any point using
(14).

The biharmonic Green functions, ¢,, for each di-
mension, are given in Table I. As seen from the
table, in two dimensions, as we are interested here,
the Green function is equal to

$2(x) = [x*(ln x| — 1). (16)

[ Num. of Dimensions m | Green Function ¢, (x) |
3

x2(In |x| — 1)

In |x|
-1
=

X
X
x

4—m
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TABLE 1
BIHARMONIC GREEN FUNCTIONS

C. Ezxperimental Results

In the following example, we estimate the val-
ues of SNR2[n] using actual values of SNR1[n] and
DFDgg, using the “Mother and Daughter” se-
quence. Other sequences were also used and the
results were similar when the amount of motion
was comparable to that of the “Mother and Daugh-
ter” sequence. It should be emphasized that we are
interested only in the local maximum of SNR2[n]
and not its actual values. In practice, sometimes
the “DC level” of the estimated SNR2[n] is differ-
ent from the original, but in most cases, the index
n which corresponds to the local maximum is esti-
mated with very good accuracy. The first few sam-
ples of SNR1[n] and SNR2[n]| are inaccurate since
the EZW method cannot yield acceptable quality
images with extremely low bit rates. Thus, in the
following simulation, the first five samples of all se-
quences have been removed.

Figure 2 shows the actual values of SNR2[n] and
Figure 3 shows the estimated values of SNR2[n].
The SNR2[n} is computed from the “Mother and
Daughter” sequence starting at frame 0 (the first
five values are not used). As can be seen, the actual
maximum is at index 8, whereas the maximum of
the estimated SNR2[n] is at 5. Figures 4 and 5 show
actual and predicted SNR2[n] when we start from
frame 50 of the “Mother and Daughter® sequence.
In this case, the actual maximum is at index 13 and
the estimated maximum is at 9.

Clearly, from these examples we see that the first
maximum of SNR2[n] can be estimated quite accu-
rately in most cases using the proposed method.

VI. CONCLUSIONS

The motivation for this work was the intuitive
expectation that there should be an “optimal” allo-
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Fig. 2. Actual values of SNR2[n] (in dB). Frame index 0
corresponds to frame 5 of the “Mother and Daughter”
sequence.
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Fig. 3. Estimated values of SNR2[n] (in dB). Frame index
0 corresponds to frame 5 of the “Mother and Daughter”
sequence.

cation of bits to the anchor frame which would give
us the best quality of the subsequent frame. This
bit allocation would depend on the image sequence
and should be determined on-line, thus a progres-
sive method for the transmission of the anchor frame
should be used.

We used the maximization of SNR2 as our ob-
jective since we want to achieve a constant frame
rate after the second frame and it is reasonable to
assume that the “correlation” between any two sub-
sequent encoded frames will be approximately the
same. This will be true unless there is dramatic
change in the picture, which is something that can-
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Fig. 4. Actual values of SNR2[n| (in dB). Frame index 0
corresponds to frame 55 of the “Mother and Daughter”
sequence.
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Fig. 5. Estimated values of SNR2[n] (in dB). Frame index 0
corresponds to frame 55 of the “Mother and Daughter”
sequence.

not be predicted. Thus, better quality of the second
encoded frame will usually mean better quality of
the rest of the frames, at least in the short run or
until there is a dramatic change in the scene.

Experimental results showed that except in cases
where there is very little motion, there is a well
defined first maximum in SNR2. Thus, it is clear
that if we allocate the number of bits for the anchor
frame that is specified by the peak in SNR2, we can
expect better overall quality of the image sequence,
according to the previous discussion.

If computational complexity is no object, it is
easy to find the first maximum in SNR2. From ex-
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perimental results, we know that SNR2[n] is virtu-
ally always monotonically increasing up to the first
maximum. Thus, if we can calculate SNR2[n] on-
line, we can locate the maximum by pinpointing the
location where SNR2[n] starts to decrease. How-
ever, the computational complexity in this case is
very high since we need to encode and reconstruct
the second frame every 1/30th of a second in the
case of source frame rate of 30 frames per second.

Future work in this area can involve development
of a more sophisticated algorithm for the location of
the maximum which will be able to identify a very
small local maximum where SNR2 declines a little
and then it immediately starts to increase again up
to a well defined maximum. The new algorithm
should be able to disregard such a small local max-
imum.

If we agsume that we cannot calculate SNR2[n]
on-line, we can assume that SNR2[n] is a function
of SNR1[n] and the correlation between the two
frames, as measured by the energy of the DFD. In
this work, we estimate this function using interpo-
lation from experimental data. The computational
complexity in this case is much lower, since we do
have to perform motion compensation to find the
DFD, but we do not have to perform all the other
steps that are required in order to find the recon-
structed second frame and calculate its PSNR.

The experimental results have shown that using
the above method, we can satisfactorily estimate the
maximum in SNR2{n]. In most cases, the estimated
location of the maximum is very close to the actual
location.

Thus, in this paper, we found that it is worth-
while to send the anchor frame progressively and
employ methods for determining the best stopping
point. The methods described here proved to esti-
mate quite accurately this stopping point.
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