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Abstract—The Motion Picture Experts Group (MPEG) video-
coding algorithm is regarded as a promising coding algorithm
for coding full-motion video. However, since MPEG was origi-
nally designed for storage applications, some problems must be
solved before the algorithm can be applied to interactive ser-
vices. Due to the use of periodic intraframe coding and bidirec-
tional interframe prediction, the end-to-end delay of the MPEG
algorithm is much larger than that of the H.261 algorithm. In
packet video transmission, the large peak in bit rate caused by
periodic intraframe coding may lower performance of statistical
multiplexing. In this paper, real-time video transmission using
the Hybrid Extended MPEG (Bellcore’s proposal to ISO /
MPEG) is considered. First, the end-to-end delay of the Hybrid
Extended MPEG algorithm is analyzed. Then several schemes to
reduce the delay are considered and compared with regular
coding schemes in terms of image quality, end-to-end delay and
performance of statistical multiplexing. Error resilience of the
presented schemes is also tested by simulations assuming cell
loss. It is shown that the presented schemes improved the
end-to-end delay and performance of statistical multiplexing
significantly.

1. INTRODUCTION

HE Motion Picture Experts Group (MPEG) video-

coding algorithm [1] is regarded as a promising com-
pression algorithm for full-motion video. However, since
MPEG was originally designed for storage applications,
some problems must be solved before applying the algo-
rithm to interactive services.

In MPEG, frames are coded in one of three coding
modes—intraframe coding frame (I frame), predictive
coding frame (P frame), or bidirectionally predictive cod-
ing frame (B frame). Usually I frames are coded using
many more bits than P or B frames. When a network
supports a constant bit rate (CBR) channel, a large buffer
is required between the coder and the network to absorb
the difference in data amount among frames with differ-
ent coding modes. Therefore, the buffering delay is much
larger than that of the H.261 [2] algorithm. When a
network supports a variable bit rate (VBR) channel, this
buffer is not required. However, in this case I frames
create an unwanted peak in bit rate, which is usually
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periodic. The ratio of I frame to B frame is typically
around 12 in simulation model 3 (SM3) [3], and thus this
peak can create a periodic congestion of the network.
Furthermore, when B frames are used, a delay of several
frames called the frame reordering delay is introduced as
a result of the difference between the encoding order and
the display order of frames.

In this paper, real-time video transmission using the
Hybrid Extended MPEG (Bellcore’s proposal to
ISO/MPEG) [4] is considered. The major problem in
applying this algorithm to real-time interactive applica-
tions is delay. First, the end-to-end delay of the Hybrid
Extended MPEG algorithm is analyzed. Then, several
schemes to lower the delay are presented. In order to
reduce the frame reordering delay, three different types
of interframe prediction are considered. These three in-
terframe predictions are compared with typical MPEG
coding in terms of the decoded picture quality, the end-to-
end delay, and performance of the statistical multiplexing
in packet video transmission, by simulations. Elimination
of periodic I frames is also considered to reduce the
necessary buffer. Instead of using I frames, some macro
blocks in P frames are coded by intraframe coding. Al-
though this implementation sacrifices the random accessi-
bility, such a function is usually not needed in real-time
interactive applications. However, removing I frames raises
a number of questions. One question is about error re-
silience because it is possible for errors to expand to
neighboring areas and propagate forever due to motion
compensation. Another question may be, “What happens
if a receiver starts decoding video in the middle of a
sequence?” This situation is referred to as delayed access.
Simulation results demonstrating error resilience and de-
layed access are also presented.

II. OVERVIEW OF THE HYBRID EXTENDED
MPEG ALGORITHM

The Hybrid Extended MPEG algorithm is designed to
code interlaced video signals at bit rates from 3 Mb /s up
to 10 Mb/s. The input video signal is assumed to be in
the CCIR601 format, where one field has 240 lines and
one line has 720 luminance pixels. The chrominance sig-
nals are downsampled in preprocessing so that one
chrominance pixel corresponds to four luminance pixels.
The algorithm is similar to SM3 [3]. However, three new
features are included to improve performance. First is the
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hybrid field motion compensation (MC)/frame discrete
cosine transform (DCT) coding where the coder performs
MC on fields but performs DCT and quantizations on
frames by merging even and odd fields together. The
second feature is a new strategy for bit allocation and rate
control [5]. The coder assigns a quantizer scale (quantiza-
tion step size) to each macro block proportionally to the
local spatial activity of the coded area after it observes the
scene content of an entire frame. The third feature con-
sists of frame adaptive variable-length code (VLC) tables
based on the JPEG standard. The VLC table is transmit-
ted for every frame because empirically, the bit count
saved by using the adaptive VLC table is larger than the
bit count consumed to transmit the VLC table at bit rates
higher than 3 Mb/s. After quantizing all the DCT coef-
ficients in one frame, the VLC table is generated accord-
ing to the statistics of quantized coefficients.

Frames are coded in one of three modes, as shown in
Fig. 1. I frames are coded using intraframe coding. P
frames are coded using interframe prediction from the
previous P (or I) frame. B frames are coded using bidirec-
tional interframe prediction from the previous and the
next P (or I) frames. Note that the encoding order of
frames is different from the display order, because, in
order to use the bidirectional interframe prediction, B
frames have to be coded after the P frame that follows
them in the display order. In Fig. 1, frames are arranged
in the display order, while each frame is numbered with
the encoding order. We define a group of pictures (GOP)
as the interval from the I frame to the B frame before the
next I frame in the encoding order.

As shown in Fig. 2, one frame is composed of two fields.
Motion estimation and compensation are performed on
fields using a block of 16 X 16 pixels as the unit block for
motion compensation. DCT and following operations, in-
cluding quantization and variable-length coding, are per-
formed on frames. One frame is split into blocks of
16 x 16 pixels called macro blocks. A super-macro block
is defined as a pair of vertically adjacent macro blocks.
One super-macro block corresponds to a block of 16 X 16
pixels on fields, which is the unit block for motion com-
pensation. We also define a slice as a group of super-macro
blocks in one row.

The block diagram of the encoder is shown in Fig. 3.
First, the input signal from a camera is preprocessed to
downsample the chrominance signals and change the pixel
order from the raster order to the 16 X 16 block-based
order. Motion estimation and motion compensation are
performed for each field independently. After merging the
two motlon-compensated fields, the macro block type
(coding type) is selected for every macro block and a
residual signal is computed. The residual signal undergoes
DCT and quantization. Then quantized DCT coefficients
are coded by VLCs. Fig. 4 shows the block diagram of the
decoder. In the decoder, the processes are operated in the
reverse order to generate the decoded picture. Finally, the
decoded picture is postprocessed to upsample the chromi-
nance signals and convert the field-mixed blocks to an
interlaced raster.
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III. DELAY ANALYSIS

In this section, the end-to-end delay of the Hybrid
Extended MPEG is analyzed [4].

A. Encoding Delay

Fig. 5 shows the timing chart of the processes per-
formed in the Hybrid Extended MPEG encoder. The
arrows indicate the duration of each process. The num-
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Fig. 5. Encoder timing chart.
bers attached to the arrows represent the frame number
of the processed frame. Each process is labeled with the
block number from the encoder block diagram in Fig. 3.
We assume that M~—1 B frames are inserted between two
adjacent P frames [3].

As described in the previous section, an input signal is
preprocessed to downsample the chrominance signals and
convert the pixel order into the 16 X 16 block-based or-
der. To downsample the chrominance signals, an 11-tap
filter is used. Since each macro block is 16 lines high and
5 more lines are needed to apply the 11-tap filter, a delay
of 21 lines, which is approximately 0.05 (21,/480) frame,
forms the preprocessing delay.

The encoder incurs a half-frame delay before DCT
computation can start because DCT’s are computed on a
frame basis. We assume that DCT’s for the entire picture
are finished within a half-frame interval. The quantization
cannot be started until the entire picture has been trans-
formed, because quantizer scales are assigned after ob-
serving the content of the entire picture. Also, transmis-
sion of the quantized coefficients cannot be started until
quantization for the entire picture is finished because a
frame-adaptive VLC table must be generated that de-
pends on the statistics of the quantized coefficients.
Therefore, one-frame interval and time involving quanti-
zation should be counted as delay. Assuming that quanti-
zation and VLC table generation take a quarter-frame
time, the encoder delay becomes 1.25 frames.

When bidirectional interframe prediction is used, an
additional M-frame delay is imposed due to reordering of
frames. So the total encoding delay, including preprocess-
ing, is M + 1.3 frames.

B. Decoding Delay

Fig. 6 shows a timing chart of the processes performed
in the decoder. Each process is labeled with the corre-
sponding block number in the decoder block diagram in
Fig. 4. The postprocessor takes the decoded field-mixed
signal in the block-oriented order and converts it into an
interlaced signal in the raster order. A half-frame delay is
necessary in the postprocessor to convert the signal into
the interlaced one; this is the only delay in the decoding
process.

C. End-to-End Delay

In CBR transmission, the end-to-end delay is the sum
of the encoding delay, the buffering delay and the decod-
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ing delay. Therefore, the end-to-end delay is M + 1.8
frames plus the buffering delay, assuming that propaga-
tion delay in a network is negligible in CBR transmission.

In packet-video transmission (VBR transmission), the
packetization delay should be considered instead of the
buffering delay. We assume that the payload in each cell
is 48 bytes and that at least one cell is transmitted for
each slice. So the worst-case packetization delay is 1,/15
frames, i.e., one slice time interval. In VBR transmission,
the propagation delay is not negligible because cells may
undergo queueing several times during transmission. The
end-to-end propagation delay has to be considered in
relation to the cell-loss ratio and the utilization of the
network. This trade-off is analyzed in Section V by some
simulations.

IV. SCHEMES TO LOWER THE DELAY

When we consider regular coding by the Hybrid Ex-
tended MPEG, which assumes M = 3 and a buffer size of
six frames, the end-to-end delay is 10.8 frames (3 + 1.8 +
6 = 10.8), which corresponds to 360 ms. This delay is
larger than the tolerable delay for interactive applications,
which is assumed to be about 150-300 ms. In this section,
several schemes to lower the delay are considered.

A. Reduction of Bidirectional Frames

Fig. 7 shows three different types of interframe predic-
tion, which reduces the use of bidirectional prediction
frames and thus reduces the frame-reordering delay. In
the first scheme (I), only one B frame is inserted between
two P frames. In the second and third schemes, no B
frames are used. In the second scheme (II), a new picture
type called P’ frame is defined. P’ frames are coded
without backward interframe prediction as if they were P
frames but are not used as references for coding succeed-
ing frames. P’ frames can be regarded as B frames that do
not have backward interframe prediction. The coder allo-
cates fewer bits to P’ frames and more bits to P frames.
Since the P frames are used as reference for coding the
succeeding frames, the efficiency of interframe prediction
is improved by assigning more bits to the P frames.
Although intuitively this may result in periodic quality
degradation, such periodic quality degradation is not per-
ceived empirically when M is small. Moreover, as will be
shown in Section V, the signal-to-noise ratios (SNR’s) for
the P’ frames are better than those obtained from the
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conventional interframe coding scheme, due to improved
interframe prediction efficiency, especially for low-scene-
activity frames. In the third scheme (III), only P frames
are used. We refer to the regular Hybrid Extended MPEG
algorithm, where two B frames are inserted between P
frames and 1 frames are inserted for every fifteen frames,
as scheme O, which is shown in Fig. 1

In CBR transmission, the end-to-end delay for scheme I
is 3.8 frames plus the buffering delay because M = 2. For
schemes II and III, the end-to-end delay is 1.8 frames plus
the buffering delay because frames do not have to be
reordered. Scheme III requires a shorter buffer because
each P frame results in almost equal bits.

B. Replacement I Frames with I Columns

In MPEG, I frames are inserted periodically to enable
random access to any segment in a scene. But the use of 1
frames requires a large buffer. Removing periodic I frames
reduces the necessary buffer size in CBR transmission
or reduces the peak-to-mean ratio in bit rate in VBR
transmission. However, if the data is not refreshed by
intraframe coding, errors—such as channel errors or com-
putation mismatches in the inverse DCT—may propagate
forever. To flush these errors periodically, some macro
blocks are forced to be intraframe mode. As show in Fig.
8, each frame is split into fifteen columns, each of which is
three macro blocks wide. Every frame, some columns are
then selected as I columns in order and coded by in-
traframe coding.

This idea is applied to all three of the schemes de-
scribed in Section IV. In schemes I and II, two out of the
fifteen columns in P frames are selected as I Columns. In
scheme III, one column is selected as an I column be-
cause the number of P frames during the same interval is
double that in scheme I or scheme II. I columns are
selected in turn so that each column is refreshed with
equal frequency, as shown in Fig. 8. It is also possible to
arrange intraforced macro blocks based on slices. In this
case, however, the large peak in bit rate due to intraframe
coding is still observed when a picture is transmitted slice
by slice.

SRR

Inta Coded Aree

Fig. 8. Periodic refreshment by intracoding.

C. Measures Against Scene Changes

Scene changes cause large peaks comparable to I frames
in the output rate. To enable transmission with a small
buffer, some measures must be taken against scene
changes. When more than half the macro blocks are
selected as intracoded macro blocks in a P or P’ frame, we
assume a scene change has taken place. In B frames, a
scene change is assumed if a scene change is detected in
the previously coded P frame. Different measures are
taken for different coding modes at a scene change. In P
frames, quantizer stepsizes are multiplied by a certain
scale factor. In B frames, the residual signal is neglected,
i.e., only the macro block type information and the motion
vectors are transmitted. In P’ frames, all the macro blocks
are forced to be fixed blocks; in other words, the coded
frame is dropped and the frame is replaced with the
previous frame at the decoder. Note that in P or B
frames, a scene-change frame is coded with more distor-
tion than regular frames, and in scheme II a scene change
is delayed by one frame when it happens in the P’ frame.
However, because the human visual system is not very
sensitive to distortion at scene changes, the perceptual
picture quality does not degrade.

V. SIMULATION RESULTS

The MPEG test sequences Mobile and Calendar and
Table Tennis were coded at 3.9 Mb/s using the Hybrid
Extended MPEG algorithm with the four different
schemes, including scheme O. Within the constraint of
the coding bit rate, the rate control adjusted the quantizer
scales to keep the ratio of quantizer step sizes between P
(or I) frames and B (or P’) frames at 1:2 [5]. The neces-
sary buffer size was determined heuristically from experi-
ments. In scheme O, a six-frame-long buffer was used. In
schemes I and II, a two-frame-long buffer was used. In
scheme III, a one-frame-long buffer was used. Total end-
to-end delay in CBR transmission is summarized in Table
L.

A. SNR Comparison

Fig. 9 and Fig. 10 show signal-to-noise ratio (SNR) of
the decoded pictures as a function of frame number for
the four different schemes. Generally speaking, scheme O
shows the best SNR performance, while scheme III shows
the worst. In Figure 9, the scene activity is relatively low.
In this sequence, the four schemes show perceptible dif-
ferences in the quality of the decoded pictures. In Fig. 10,
the scene activity is relatively high from frames 15-45
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TABLE 1
DELAY

Delay in Frames

Scheme Frame Reordering Buffering Total
(o] 3 6 10.8(360 ms)
I 2 2 5.8(192 ms)
I 0 2 3.8(127 ms)
81 0 1 2.8(93 ms)
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30.00!

28.00!

26.00

24.00

2,00 { _
| | | |
0 50 100 150

Frame

Fig.9. SNR in Mobile and Calendar at 3.9 Mb/s.
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Fig. 10. SNR in Table Tennis at 3.9 Mb /s.

because of zooming. In this part, the four schemes do not
show significant difference in quality. In scheme II, SNR
drops dramatically around frames 68 and 98. This is
because the rate-control strategy in scheme II forces all
macro blocks to be fixed blocks and replaces the frame
with the previous one at the scene change.

B. Rate Behavior

Fig. 11-14 show bitcount observed slice by slice in
frames 30—-60 in Mobile and Calendar. The dashed lines
in the figures show the average bitcount, which is derived
from the coding bit rate. In scheme O, the rate transits

265

Bitcountfkbit}
] I T T I I I

40.00— —]

|

35.00

30.00 40.00 45.00 50.00 55.00 60.00
Frame
Fig. 11. Bitcount per slice (scheme O).
Bitcount{kbit}
5007 I I I I
20.00— ]
15.00— r" —
avqrage
10.00— j__
5.00— U \J -
0.00= | L | i ] -
30.00 35.00 40.00 45.00 50.00 55.00 60.00
Frame
Fig. 12. Bitcount per slice (scheme I).
Bitcount{Kbit]
] T I ] I T
20.0(— —
15.00— ’q ‘L -
10.00— -
avprage
5.00— u ~
000 l | I | -
30.00 35.00 40.00 45.00 50.00 55.00 60.00
Frame

Fig. 13. Bitcount per slice (scheme II).

among three levels (i.e., I, P, and B) where the bitcounts
in I frames are about six times larger than the average. In
schemes I and II, the rate transits between two levels (i.e.,
P and B), where the bitcounts in P frames are about two
times larger than the average. In scheme III, only P
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frames are used, and the ratio of the peak bitcount to the
average is less than two.

C. Delay and Cell-Loss Ratio in Packet-Video Transmission

1) Simulations of Multiplexing: In packet-video transmis-
sion, the cell-loss ratio depends on the maximum allowed
end-to-end delay and the utilization of the network. The
larger the acceptable end-to-end delay, the smaller the
cell-loss ratio for a given network loading. Here this
trade-off is analyzed for the four schemes by simulations
of multiplexing.

Simulations of multiplexing are carried out according to
the model shown in Fig. 15. In Fig. 15, K represents the
number of multiplexed sources and C represents the
channel bit rate. Each source is assumed to be controlled
with the leaky bucket control [6], where the target average
bit rate of source i is represented by m,. It is assumed
that the size of the queueing buffer is infinite and cell loss
is caused only by excess end-to-end queueing delay.

The channel utilization, which is represented by U, is
defined as follows:

K
Ei_m;

U=
C

¢))

Since the rate and buffer control in CBR transmission
can be regarded as a leaky bucket control, the rate ob-
served slice by slice in Section V.B. is used to emulate
each source. First a 10-second-long reference source
model is made by concatenating the rate in Mobile and
Calendar and Table Tennis together. Different sources
are emulated by starting the reference model from a
randomly selected slice. When a source reaches the end
of the reference model, it jumps back to the beginning.
Since the target average rate is 3.9 Mb /s in the reference
model, Eq. (1) becomes

U 39K @
-

Sourre 1
A\ m] [Mbps Mu]llp?e\er

;
Saurcc 2
Av m2[Mhps

Queueing Buffer

Sourcc K
A\ mK \1bp\]

C[Mbps]

Fig. 15. Multiplexing model.

Multiplexings parametrized by K and U were simu-
lated. In each simulation, data were observed slice by slice
for 5 min. while changing the starting slice of each source
every 5 s. Simulations were carried out independently for
the four different schemes using the actual rate behavior
in each scheme.

2) Queueing Delay: Fig. 16 shows the maximum queue-
ing delay (the maximum queue size) as a function of the
channel utilization when K = 15. As expected, scheme O
shows the largest delay due to I frames, while scheme III
has the lowest delay. Schemes I and II have almost equal
delay performance.

Next, the distribution of the queueing delay was ob-
served. The queueing delay was calculated for each cell,
and then the delay was quantized with a granularity of
0.01 ms. In other words, delays within a range from
(k — 0.5)/100 ms up to (k + 0.5)/100 ms are represented
by k. Here, P (k) is defined as the probability of the case
where the quantized queueing delay is k. P,(k) was mea-
sured from the distribution of the queueing delay. Fig. 17
shows P(k) when K =15 and U = 08. Once again,
scheme O shows the worst performance while scheme III
is the best. Schemes I and II are again found to be
roughly equivalent and somewhere in the middle.

3) Tradeoff Between Delay and Cell-Loss Ratio: Cell-loss
ratio can be derived from the distribution of the queueing
delay P,(k).

When cells undergo queueing N times during transmis-
sion, the distribution of the end-to-end queueing delay
can be obtained by operating convolutions of P,(k) recur-
sively as follows:

k
Py(k) =Y Py_(DP(k - 1I). 3)
=1

The maximum limit on the end-to-end delay is related
to the cell-loss ratio. Here, it is assumed that any delay
but the queueing delay is negligible. When &, is given
as the limit of the end-to-end delay, the corresponding
cell-loss ratio, represented by P,(k,,,,) is calculated from

kmax
P k) =1— Y Py(k). @)

k=0
Fig. 18 shows P (k,, ) when N =4, K=15,and U =
0.8. Comparing the four schemes in Figs. 16—18, scheme
O shows significantly worse performance than the others.
The reason is that in scheme O each source transits
among three levels, i.e., I frame, P frame, and B frame.
We conclude that replacement of I frames with partial
intraframe coding in P frames improves performance of
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statistical multiplexing significantly in packet-video trans-
mission. Schemes I and II show almost equal perfor-
mance, though scheme II performs slightly better. This is
because although each source transits between two levels
(ie., P frame and B frame or P frame and P’ frame), the
ratio of the rate in P frames to that in P’ frames in
scheme 11 is slightly lower than the ratio of the rate in P
frames to that in B frames in scheme L

D. Error Resilience

Since removal of I frames reduces robustness against
errors, cell-loss resilience of the decoder was tested by
simulations. In the following simulations, only scheme I
was considered. Simulations were carried out by dropping
48-byte-long segments of the bit stream randomly at the
ratio of 1074, In the simulation it was assumed that the
decoder was not notified of any cell loss by the network,
and cell loss was detected by the decoder itself when any
of the following conditions were encountered:

e The synchronization words were not found when they
were expected.

e The decoder reached an undefined codeword.
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e The motion vector pointed to an area out of the
picture frame.

e The sum of the run-length of zero and the current
frequency order of DCT coefficient exceeded 63.

When a cell loss was detected, the error was concealed
by replacing the affected slice with the corresponding one
in the previous P frame.

Figs. 19 and 20 show the behavior of SNR in Mobile
and Calendar and Table Tennis. It can be seen that
usually the error propagation is terminated in about 15
frames. Note that protective measures such as segregation
of the data with priorities were not taken because the
objective of this simulation was to observe propagation of
errors, though these measures could reduce degradation
in the quality.

E. Delayed Access

Simulations on delayed access were carried out by let-
ting the decoder start decoding the bit stream from frame
61 with the decoder frame memory filled with a default
value. In the simulations, 128 was used as the default
value. Figs. 21 and 22 show the behavior of SNR in case of
delayed access. It can be seen that the SNR of the
sequence reaches to the steady state in about 30 frames.

VI. CONCLUSION

In this paper, real-time transmission of video using the
Hybrid Extended MPEG video coding was considered.
We analyzed the delay of the Hybrid Extended MPEG. In
order to reduce the frame reordering delay, three differ-
ent types of interframe prediction were considered. One
scheme had only one B frame between two P frames. In
the second scheme, P’ frames which are similar to B
frames but contain only forward prediction, were used.
The third scheme had only P frames. In these three
schemes, I frames were replaced with partial intraframe
coding in P frames in order to reduce the necessary buffer
size in CBR transmission.
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The three schemes were compared with regular coding
by the Hybrid Extended MPEG algorithm in terms of the
quality of the decoded pictures, the end-to-end delay, and
the performance of statistical multiplexing. From simula-
tions it was shown that the difference in image quality

among the four schemes, including the regular coding, is
not significant when the scene activity is relatively high.
However the four schemes show perceptible difference
when the scene activity is relatively low. Also, it was
shown that elimination of I frames improves the perfor-
mance of statistical multiplexing significantly.

Propagation of errors, which may result from the re-
placement of I frames, was simulated assuming cell loss at
the ratio of 10~*. It was concluded that the propagation is
terminated in about 15 frames. It was also shown by
simulations that the image quality usually reaches the
steady state in about 30 frames when the decoder starts
decoding in the middle of a sequence.

Since the presented scheme does not take any protec-
tive measures against cell losses, measures to achieve
more robustness is an issue for further study. One of
these measures is rearrangement of the bit stream, with
error correction cells added according to the significance
of the data. Also, a further analysis of end-to-end delay
and cell-loss ratio using a more detailed network model
remains to be studied.
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