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Abstract
This paper is about real-time data transmission over high throughput channels based on nearlossless video encoders. The algorithm of the video source rate control is proposed to guarantee
low-latency data transmission according to MINMAX absolute difference criteria. The practical
results for video encoder based on JPEG-LS standard are also given as well as the comparison with
other algorithms.

I. I NTRODUCTION
In the last few years there appeared lots of a high throughput video broadcasting systems (such as WirelessHD [1], IEEE 802.15.3c [2] etc.), which require latency of the data
transmission significantly lower than the time of one frame playback. For such a system
it is enough to use only the small compression ratio of the video data. Thus, near-lossless
video compression algorithms like JPEG-LS [3] could be effectively used for such systems.
So that the development of the source rate control for these encoders is very actual and
important question. There are many papers devoted to the rate control for near-lossless
encoders (see [4], [5]). But these approaches based on multi-pass encoding are not suitable for
real time compression. Moreover, they do not provide video transmission taking into account
any visual quality criteria.
This paper describes a video source rate control algorithm, that is based on MINMAX
quality criteria and provide low-latency video transmission over constant throughput channel.
For the first time the idea of this algorithm was proposed in [6], [7] for JPEG2000 standard.
Now we show that ideas presented in these papers can be easily interpreted for near-lossless
encoders that use maximum absolute difference criteria instead of mean squared error.
This paper is organized as follows. In section II latency in video compression and transmission systems is discussed. In section III MINMAX optimization task for the rate control
algorithm is introduced. Section IV presents rate control algorithm and proves that it finds
the solution of the optimization task. In section V and VI the conception of virtual buffer is
introduced for scene changing detection and decreasing algorithm adaptation time. Finally,
the practical results for different test video sequences are shown and some conclusions are
made.
II. L ATENCY IN VIDEO COMPRESSION AND TRANSMISSION SYSTEMS
To transmit the video sequence with latency less than the time of one frame playback
each frame is divided into the sequence of slices. Consider the system timing is discrete and
slotted. The slot time is a unity of the system time [t, t + 1) and time moment t refers to
the end of this slot. The video source gives coder a slice at the certain time slots. Coder
works in the real-time. After compressing the slice into r(dt ) bits, coder places it into the
transmitter buffer at the [t, t+1) slot end. Depending on the number of bits in the transmission
buffer, rate controller forms the maximum absolute difference value dt+1 for the next slice
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(see fig. 1). The number of bits in the buffer b(t) after placing there a new compressed slice
and transmitting over the channel with the constant rate c, changes as follows:
b(t) = max{0, b(t − 1) − c} + r(dt ).

(1)

The transmitted data is accumulated for time L (initial buffering latency) on the receiver
side after that the decoding and playing starts.
The total latency 4T between the time when a new slice is sent to the encoder and the
moment when this slice is displayed at the receiver side consists of the following components:
4T = 4Te + 4Tbe + 4Tc + 4Tbd + 4Td ,

(2)

where 4Te and 4Td - time for encoding and decoding correspondingly, 4Tbe - waiting time
in the transmitter buffer, 4Tde - delay time in the receiver buffer, 4Tc - transmitting time
over the channel.
If in the above described scheme the size of the buffer at the transmitter and receiver sides
e
d
is equal Bmax
= Bmax
= L · c and rate control works in the way that the number of bits in
the transmitter buffer is
e
be (t) ≤ Bmax
,
(3)
then the latency caused by buffering at the transmitter side is constant and equals the initial
buffering latency L [8].
III. MINMAX OPTIMIZATION TASK FOR RATE CONTROL
In this section we propose the optimization task for the rate control, which is based on
MINMAX quality criteria. This criteria is used in many papers, dedicated to the video
compression (e.g. see [9]). In this paper MINMAX criteria is interpreted as follows. For
each slice t the maximum absolute difference value dt should be chosen, so that:
minimize max dt .
t

(4)

Suppose that despite statistical properties of the slices in the frame may be quite different
from each other, statistical properties of all frames vary insignificantly. It means that there

is only one scene in the input video sequence. This assumption does not hold true generally,
because video sequence usually consists of subsequences (scenes) with different statistical
properties. However, so that the understanding of the algorithm working with several scenes
will be easier, let us initially take into account the case when video sequence has only one
scene.
Let us formulate rate control optimization task according to the latency requirements (3)
and the MINMAX quality criteria (4). For each slice t it is necessary to choose the maximum
absolute difference value dt , so that
(
minimize max dt
t
(5)
e
.
b(t) ≤ Bmax
Solution of the task (5) can be found by the following hypothetic algorithm which consists
of the following two steps:
Step 0. (Initialization )
0.1 Set {di } = {0, 1, ..., dmax }, i ← 0.
0.2 Go to step 1.
Step 1.
1.1 d˜ ← di , b̃(0) ← 0.
˜
1.2 For slices t = 0, 1, ... calculate b̃(t) ← max{0, b̃(t − 1) − c} + rt (d).
e
1.3 If max b̃(t) > Bmax then i ← i + 1 and go to Step 1.1
t
else d˜ is solution of the MINMAX optimization task (5).
The algorithm described above is called the consecutive search algorithm.
Theorem 1. There is no such sequence of maximum absolute differences y1 , y2 , . . . that
˜ where d˜ is the value found
does not lead to the transmitter buffer overflow and max yt < d,
t
by the consecutive search algorithm.
Proof. Let us suppose that consecutive search algorithm has stopped at the step i. Then
for each step j < i for every slice t maximum absolute difference xt = dj was chosen. From
consecutive search algorithm description follows that after encoding slice τ buffer b̃(τ ) is
overflowed:
e
b̃(τ ) > Bmax
.
(6)
Let us choose any sequence of maximum absolute differences y1 , y2 , . . ., where yt ≤ dj ,
and b(t) is the number of bits in transmitter buffer, when slice t is encoded with yt value.
Then
y t ≤ xt ,
(7)
consequently,
r(yt ) ≥ r(xt )

(8)

So if b̃(0) = b(0) = b0 , then from (1) and (8) follows that b̃(t) ≤ b(t). It means that exists
such τ 0 ≤ τ that
e
b(τ 0 ) > Bmax
.¥
(9)

IV. P ROPOSED RATE CONTROL DESCRIPTION
Consecutive search is hypothetic algorithm that shows the decision of (5), but can not be
implemented in real-time system, because it is impossible to restart data transmission after
buffer overflowing.
Therefore, this paper proposes algorithm that allows to find the estimation of d˜ for the
consecutive search algorithm. Consider dˆt to be the estimation of d˜ value. It is supposed to
estimate d˜ value as follows. All slices are compressed with maximum absolute difference dˆt
e
until the number of bits in the buffer will not exceed Bmax
. Buffer overflowing means that it
ˆ
is impossible to hold the dt value for the given channel throughput. Consequently, slices are
not placed into the buffer until it becomes empty (in this case decoder gets corresponding
slice from previous frame) and then the estimation of dˆt increases. Algorithm consists of the
following three steps.
Step 0. (Initialization )
0.1 Set dˆ0 ← d0 , t ← 0, b(0) ← 0.
0.2 Go to step 1.
Step 1. (Buffer accumulation )
1.1 t ← t + 1, dˆt ← dˆt−1 .
1.2 b(t) ← max {0, b(t − 1) − c}.
1.3 Compress slice t with maximum absolute difference dˆt .
e
1.4 If b(t) + r(dˆt ) > Bmax
go to Step 2.1
else b(t) ← b(t) + r(dˆt ) and go to Step 1.1
Step 2. (Buffer emptying )
2.1 t ← t + 1, dˆt ← dˆt−1 .
2.2 b(t) ← max {0, b(t − 1) − c}.
2.3 If b(t) = 0 then dˆt ← dˆt + ∆d and go to Step 1.1
else go to Step 2.1
Theorem 2. Consider that consecutive search algorithm with transmitter buffer of size
e
˜ Then for the proposed algorithm with
Bmax
finds the maximum absolute difference value d.
˜ the inequality dˆt ≤ d˜ + ∆d holds true for any moment of time t.
initial value dˆ0 ≤ d,
Proof. Let b̃(t) be the buffer size for the consecutive search algorithm. From its description
e
b̃(t) ≤ Bmax
.

(10)

Let us suppose that dˆ0 ≤ d˜ and at the moment of time τ this inequality holds true firstly:
d˜ ≤ dˆτ < d˜ + ∆d.
(11)
So at this moment the number of bits in the buffer (see step 2.3) is:
b(τ ) = 0.
From (11) for t ≥ τ following inequality holds true:
˜
r(dˆt ) ≤ rt (d),

(12)
(13)

so that from (1), (10), (12) and (13) follows that at the moment of time t ≥ τ the number of
bits in the buffer is:
e
.
(14)
b(t) ≤ b̃(t) ≤ Bmax
Thereby, from the moment of time τ the statement of the step 1.4 of this algorithm fails.
Consequently, algorithm will not reach the step 2.3 and parameter dˆt will not be increased. ¥

V. S CENE CHANGING DETECTION AND VIRTUAL BUFFER CONCEPTION
Now let us take a look at the video sequences that consist of several scenes s0 , s1 , . . . , sn .
˜ i ) be a solution
Then MINMAX optimization task (5) should be applied for each scene. Let d(s
˜ i+1 ) ≥ d(s
˜ i ), then algorithm proposed above
provided by consecutive search for scene si . If d(s
˜
˜
will adapt to a new scene. However, if d(si+1 ) < d(si ), then algorithm will not decrease d̂t ,
that means that the quality will not be improved.
Therefore, to overcome this problem we introduce an approach based on virtual buffer
conception. For each slice t the following value is calculated:
½
b(t), if t = t∗ ,
−
bvirt (t) ←
(15)
−
∗
ˆ
max{0, b−
virt (t − 1) − c} + rvirt (dt − 4dvirt ), if t 6= t ,
where t∗ is a number of the first slice in the current frame.
In addition, the difference between the number of bits that is placed into the buffer and
maximum number of bits that could be transmitted is accumulated:
t∗ +N
X−1
−
4rvirt ←
rvirt (dˆt − 4d−
(16)
virt ) − N · c,
i=t∗

where N is a number of slices in the frame.
To predict the bit size of slice rvirt (dˆt − 4d−
virt ) compressed with the maximum absolute
−
ˆ
difference dt − 4dvirt the lengthes of the codewords without forming the output bit stream
are accumulated.
−
Let us take a look on the virtual buffer conception. If 4rvirt
> 0, the number of bits sent to
the transmission buffer is more then the number of bits sent to the channel and this can bring
to the effect of buffer overflowing during the transmission of the next frames. On the other
side, the bit size distribution for slices in each frame may be so, that buffer may overflow
−
even if 4rvirt
≤ 0. Therefore, in addition b−
virt (t) is calculated. Thus, if before the encoding
of the slice t∗ the following statements are fulfilled:
(
e
∗
∗
max b−
virt (i) ≤ Bmax , i ∈ {t − N, . . . , t − 1}
i
(17)
−
4rvirt
≤0
and rate control was not in the buffer emptying mode during coding of previous frame, the
maximum absolute difference value is modified as follows:
dˆt ← max{0, dˆt − 4d−
(18)
virt }.
VI. A LGORITHM ADAPTATION TIME DECREASE
To adaptation time decrease of the proposed rate control algorithm to the statistical properties of a new scene, the second virtual buffer is used. For each slice t the following value
is calculated:
½
0, if t = t∗ ,
+
bvirt (t) ←
(19)
+
∗
ˆ
max{0, b+
virt (t − 1) − c} + rvirt (dt + 4dvirt ), if t 6= t .
As was described in the previous section the following value is calculated:
+
4rvirt
←

t∗ +N
X−1
i=t∗

rvirt (dˆt + 4d+
virt ) − N · c.

(20)
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Fig. 2. The dependence of maximum absolute difference from slice number for the consecutive search algorithm and the
proposed algorithm of rate control for JPEG-LS.
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Fig. 3. The dependence of maximum absolute difference from slice number for the algorithm of rate control from [4], [5].

+
If 4rvirt
> 0, the number of bits sent to the transmission buffer is more then the number
of bits sent to the channel and this can bring to the effect of buffer overflowing during the
transmission of the next frames, so it is needed to increase maximum absolute difference d̂t
in that case. Moreover, the bit size distribution for slices in each frame may be so, that buffer
+
may overflow even if 4rvirt
≤ 0. Therefore, in addition b+
virt (t) is calculated. Thus, if before
∗
the encoding of the slice t any of the following statements hold true:
"
∗
∗
e
max b+
virt (i) > Bmax , i ∈ {t − N, . . . , t − 1},
i
(21)
+
4rvirt
> 0,

the maximum absolute difference value is modified as follows:
dˆt ← min{dmax , dˆt + 4d+
virt }.

(22)

To decrease the adaptation time for the case when maximum absolute difference value is
close to consecutive search the following value is calculated:
4r ←

t∗ +N
X−1
i=t∗

r(dˆt ) − N · c.

(23)

Thus, if 4r > 0 before the encoding of the slice t∗ the maximum absolute difference value
is modified as follows:
dˆt ← min{dmax , dˆt + 4d}.
(24)
VII. E XPERIMENTAL RESULTS AND CONCLUSION
For practical results was used the JPEG-LS codec software implementation [10]. The
performance of discussed algorithm was tested on the video sequence which have 1280 × 720
frame resolution, 30 fps frame rate and 1280 × 16 slices. This video was combined from two
different videos to make abrupt scene changing in the sequence at the frame number 50 (slice
number 2250). Latency value was set to 10 ms, channel throughput is equal to the compression
+
ratio in 7 times, parameters ∆d = 1, ∆d−
virt = 1, ∆dvirt = 4. Parameter d0 = 0 was used to
introduce algorithm work in particular conditions. Figure 2 shows the dependence between
maximum absolute difference from slice number for the consecutive search algorithm and
proposed rate control.
Figure 3 shows the dependence between maximum absolute difference from slice number
for algorithm described in [4], [5]. These algorithms are based on multi-pass encoding and
compress each slice close to the channel rate c. Therefore, maximum absolute difference
value varies from slice to slice and brings to the following effect: some compressed slices
could have high visual quality, but the quality of other slices could be low. In contrast to the
described above algorithms, the proposed algorithm is based on the single-pass compression
and provides with the constant visual quality for all slices. All this makes it more preferable
for real-time latency-constrained video transmission over high throughput channels.
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