Subband coding of video for packet networks

Gunnar Karlsson

Martin Vetterli

Columbia University

Department of Electrical Engineering

Abstract. Video coding has been investigated for the novel application of video
transmission over packet-switched networks. The underlying design goals are
presented, together with a software implementation of a coding scheme based
on the technique of subband coding. The coding scheme, which divides the

and input signal into frequency bands in all three dimensions, seems promising in
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that it lends itself to parallel implementation, is robust enough to handle errors
due to lost packets, and yields high compression with sustained good quality.

Moreover, it may be well integrated with the network to handle issues such as
congestion control and error handling. A discussion of these issues is given,
together with the results obtained from the simulated system.
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1. INTRODUCTION

Traditionally, voice and video services have been provided by
circuit-switched technology, while packet-switched networks
have been used primarily for data transmission.! Since
packet-switched networks are likely to dominate the com-
munications world in the future, the need arises to provide
real-time services over such networks as well. Furthermore,
strong arguments exist to justify the use of packet switching
for the transmission of variable rate, real-time signals. First,
signals with varying rate are hard to accommodate in circuit-
switched channels, resulting in wasted capacity. Second—and
this is the strongest point in favor of packet transmission of
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voice and video—the integration of services in a network will
be greatly facilitated if all of them are dealt with ina common
format.2 Of course, a price has to be paid for these advantages.
The problems are related to a fundamental characteristic of
packet networks, namely, that the guaranteed and timely
delivery (within a bounded delay, that is) of a packet is diffi-
cult to obtain.

In this paper, we investigate a coding scheme for video
signals that seems well suited for a packet-switched environ-
ment. The method is an extension of subband coding? to
handle a three-dimensional signal. Once the original signal
has been frequency divided into subsampled bands, these
bands can be handled separately for both coding and trans-
mission purposes; however, residual correlation between
bands is neglected in this discussion. Because of the unequal
importance of the bands with regard to the quality of the
reconstructed sequence, congestion control and cost/quality
tuning can be solved quite naturally with the subband coding
approach. As it turns out, the video session will be possible,
independently of the congestion of the network, as long as the
lower frequency bands have guaranteed transmission (typi-
cally, the band corresponding to low pass filtering over all
dimensions). When more capacity is available, high frequency
bands will be transmitted as well and will enhance the quality.
Built-in robustness features are such that packet loss in higher
bands will result in nearly unnoticeable degradation, while
packet loss in the most important band will lead to degrada-
tion of quality but no disruption of the session. From an
implementation point of view, the subband decomposition
leads to a parallel flow of data at reduced rates. Therefore,
coding of the bands, packetization, and protocols can run in
parallel and at the lowest possible rate.

Section 2 of this paper indicates the strong interaction that
exists between signal processing and networking when a video
coder 15 designed for a packet network and lists the key issues
of such a design. Section 3 describes subband analysis and
synthesis of video signals, and Sec. 4 discusses the encoding of
the subbands. Section 5 addresses the interaction of the cod-
ing with the network in issues such as packetization, error
recovery, congestion control, and protocols. The results
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holographic plates, the orientation is not of general concern.
Nevertheless, particularly when films are used, alignment
errors during the reconstruction are present, and emulsion
shrinkage effects can be serious. For these reasons it is better
for the film to face the bisector between the subject and
reference beams.!!
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Fig. 1. Multiplexing in circuit switching and packet switching.
(a) Fixed rate coder: in a circuit-switched system the multiplexing is
done by assigning a fixed amount of capacity for each transmitter.
(b) Variable rate coder: for a packet-switched system, there is no
predetermined capacity assignment for the transmitter, and with
independent sources the transmitted signals are statistically
multiplexed.

obtained with the coder under lossless conditions as well as
with simulated packet loss are presented in Sec. 6. Finally,
future work is outlined in Sec. 7, together with conclusions.

2. INTERACTION OF SIGNAL PROCESSING AND
NETWORKING

Video transmission over packet-switched networks, or “packet
video” for short, poses the following general problem: a signal
with a high and greatly varying bit rate has to be delivered
under a given time constraint.

From a signal processing point of view, most coders take
into account that the signal they deal with is nonstationary,
and thus they yield a variable rate when the signal is encoded:
a simple example is the silence detection in voice coding.
When such coders are aimed at circuit-switched transmission,
in which the channel capacity is fixed, a buffer is required
between the coder and the transmission link to smooth out the
variations in the rate. To avoid unacceptable delays, the
buffer has to be limited in size. This leads to nonnegligible
probabilities of buffer overflow. To reduce the occurrence of
overflow, a feedback mechanism is putin place that enforces a
higher compression when the amount of data in the buffer
exceeds some prescribed threshold. In a video coding context
this means that the overflow control degrades the image qual-
ity during times when the coder generates a high output rate,
as during periods of motion in the video scene. This system is
depicted in Fig. 1(a).

When the transmission link is packet switched, however,
the averaging effect is obtained by statistically multiplexing

Saiive Encoder Channel Decoder _
e R® C R [ e

Interaction

Interaction

Fig. 2. Transmission of variable rate signals over a packet-switched
network. Information on required and available capacity is
exchanged, thus not allowing the classical separation of coder and
channel. R(t) is the coder output rate, C(t) is the available capacity,
and R’(t) is the rate of the decoder. R (t) and R’(t) might differ since
there is no common time reference in the system.

several sources over the same link or network,% % as shown in
Fig. 1(b). There is a fundamental difference between the two
averagings that are taking place. In the buffering for circuit
switching, the bit rate of the signal has high correlation over
time, whereas in the statistical multiplexing the sources are
independent. Therefore, the averaging is expected to be more
effective in the packet-switched case. Additionally, the per-
ceptual quality is expected to remain constant>.¢ since the bit
rate of the transmitted signal is allowed to vary.

From a networking point of view, delivery of packets
within a bounded time delay, thus providing real-time service,
is a difficult resource allocation and control problem,’ espe-
cially when the users provide high and varying rates. Fixed
allocation of resources, which could eliminate packet loss,
would waste channel capacity. Packet switching, on the other
hand, cannot guarantee the absence of packet loss, which
depends on the load of the network. However, by not allocat-
ing fixed channels, packet switching may yield a higher utili-
zation of the total channel capacity.

We have seen that the video coder will require various
amounts of capacity over time but that the packet network
will provide a channel whose capacity changes depending on
the total load of the network. In addition, the decoder has to
function together with the channel, in which packets are lost
or delayed depending on the total network load. The decoding
rate might differ from that of the encoder since there is no
common time reference in the system.” Therefore, the separa-
tion between source, channel, and receiver® of the classical
communication theory no longer holds. An optimal solution
to the transmission of variable rate signals over a variable
capacity channel requires an interaction, or information
exchange, between the entities involved. Hence, it is necessary
to look at the global system. Figure 2 depicts this interaction.

Because the coder and the network are interacting during
transmission, we have considered the goals that should be met
in designing a video coder for a packet-switched network. The
issues of importance are as follows:

(a) Adaptibility of the coding scheme—The signals we are
dealing with have changing amounts of information over
time. It is expected that the coder will take these variations
into account, which, through the redundancy reduction, will
give a varying output rate. Typically, when there is no move-
ment in a video sequence, the output rate should go to zero or
to a small residual rate.

(b) Robustness to packet loss—Packet loss is unavoidable
in a packet-switched environment. Thus, the coding scheme
has to be robust so that the video session is never seriously
disrupted when packets are lost; suitable error recovery
schemes must exist, and redundancy should be built inso as to
minimize the quality degradation of the reconstructed image
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sequences from the incomplete data. Note that retransmission
should be avoided for two main reasons: First, the tight timing
requirements make retransmission difficult. Second, there isa
risk of positive feedback: assume a congested network in
which all users experience packet loss; if they all rely on
retransmission for error recovery, the congestion will be
aggravated and might lead to more severe performance
degradation.

(c) Resynchronization of the video—The transmitted sig-
nal is presented to the decoder without any synchronization
information and, possibly, with bursts of data lost. From the
received data the decoder not only has to reconstruct the
image information in the best possible manner but also must
present it synchronously to the terminal equipment. The
complications relate to variable rate, variable transmission
delays, and packet loss. Variable coding does not yield a
predetermined number of packets per video frame, and hence
the packet arrival rate cannot be used for synchronization.
Since there is no notion about the number of packets trans-
mitted, it could be difficult to determine whether a packet is
delayed, lost, or simply not transmitted. Further complication
is caused by the absence of a common time reference for the
encoder and the decoder.”%-!! According to its clock, the
decoder might thus expect data at a higher or lower rate than
is being transmitted.

(d) Control of the coding rate—We extend the notion of
congestion control to the whole system (i.e., the coder and the
network). Thus, a mechanism for congestion control is incor-
porated into the coder itself. In the case of a congested net-
work, congestion control has to be enforced at the coder in a
graceful manner in terms of image quality degradation.

(e) Interaction with the protocols—The coding scheme
should allow for various degrees of quality, as required by the
user, both in normal operation and in a congested network.
Typically, a lower quality of service would mean a higher
probability of packet loss in a congested network (i.e., the
transmitted data get a lower priority) and a higher compres-
sion, which yields a lower transmission cost but thereby also a
lower image quality.

(f) Parallel architecture—The coder should be implemen-
table in parallel because of the high data rate. This will enable
the encoding, packetization, and protocols to run at the low-
est rate possible, which simplifies their implementation. To
clarify, protocols, which are often implemented in software,
may not be executable at the speed necessary to handle
encoded video as a single bit stream.

Among these various requirements, maost new and interest-
ing issues appear at the intersection of coding and networking.
Having defined our design goals, we now explore a particular
video coding scheme and its suitability for packet video.

3. SUBBAND ANALYSIS AND SYNTHESIS OF VIDEO
SIGNALS

A digital video signal is three-dimensional, with two dimen-
sions in space and the third over time. We wish to remove
redundancy in each dimension. At the same time, the coding
has to incorporate the networking aspects outlined in Sec. 2.
We have found that multidimensional subband coding lends
itself to packet video through good integration with the net-
work and through high compression. Owing to its successful
use in compression of still images!2-!5 and of video,!6.17 we
believe it to be a powerful video coding method comparable
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responses shown are for the analysis filters, H, to H.

with other methods such as transform coding, vector quanti-
zation, and predictive coding. Such methods are commonly
applied on subblocks of the image, typically of size 8 X 8 pixels
or 16X16 pixels for transform coding, or 4 X4 pixels for
vector quantization. When the block of transform coefficients
or pixels is coarsely quantized, the subblock structure may
become visible in the decoded image. This is often referred to
as “blocking effects.” Moreover, with the block processing,
redundancy due to correlation across block boundaries is not
removed. In subband coding, the images are processed in their
entirety and therefore the aforementioned problems do not
exist. Subband coding also allows the compression to be
adjusted according to perceptual criteria, which may reduce
the visibility of the introduced distortion. Thus, the compres-
sion can be made highest in those frequency bands in which
the distortion becomes least visible. The underlying theory of
multidimensional subband coding can be found in various
references, for example, Ref. [8.

Note that throughout this paper we denote the process of
achieving compression as “encoding™ and the reverse process
as “decoding.”

3.1. Description of the method

The technique of subband coding is depicted in Fig. 3. A
signal is passed through a bank of bandpass filters, the analy-
sis filters. Owing to the reduced bandwidth, each resulting
component may be subsampled to its new Nyquist frequency,
thus yielding the subband signals. Following that, each sub-
band would be encoded, transmitted, and, at the destination,
decoded. To finally reconstruct the signal, each subband is
up-sampled to the sampling rate of the input. All up-sampled
components are passed through the synthesis filter bank,
where they are interpolated, and are added to form the recon-
structed signal,

In the following, we focus on an analysis into two bands
only. Assume low and high pass analysis filters with z-trans-
forms, H,(z) and H, (z), and the corresponding synthesis fil-
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ters G,(z) and Gy (z). The subsampling and the following
up-sampling, both by a factor of 2, yield the analysis-filtered
signal modulated by 'A[1 + (—1)"], where n is the sample
index. In other words, every second sample has been dis-
carded by the subsampling and has been reinserted as a zero-
valued sample by the up-sampling. For the two-band case we
thus have the input/ output relation

a 1
X(z) = -Z-[Httz)X(z) + HE{—Z}X{-Z)]G', (z)

1
+ Q[Hh{'ﬁ)x(z} + Hy (-2 X(—2)]Gy(2) . (H

The aliasing components, given by H,(—2)X(—2) and
H, (—z) X(—z), are nonzero when the frequency responses of
the analysis filters overlap, as depicted in Fig. 3. Aliasing
distortion is highly visible but can be canceled by the follow-
ing constraints on the synthesis filters:

G,(2) = 2H,(—2) , Gu(2) = —2H, (-2 . (2)
The aliasing is now perfectly canceled regardless of the
amount of overlap of the passbands of the filters. Hence, we
are left with

X(2) = [H,(2)Hy(—2) — H,@) H,(=2]X(@) . 3)

It is desirable to choose the filters H, (z) and H, (2) so that X(2)
is a perfect, but possibly delayed, replica of the input signal
X (z), in the absence of coding and transmission loss. This can
be written as

X(z) = 27¥X(@) , kEN. (4)
It is beyond the scope of this paper to investigate the design of
perfect reconstruction filters. However, a review of the entire
topic can be found, for example, in Refs. 19 through 21.

3.2. Implementation of three-dimensional subband analysis
and synthesis

The implementation of a three-dimensional subband analysis
system is shown in Fig. 4. The system consists of temporal,
horizontal, and vertical filtering, with further spatial analysis
of the subband that has been obtained through low pass
filtering in all of the three first stages. Note that owing to the
subsampling, the bit rate in each of the output branches from
an analysis stage is half of its input rate. Consequently, the
first stage with temporal filters has the highest computational
burden since there is no parallelism, while each of the spatial
filters operates in parallel at a lower rate. Hence, we chose the
temporal filters to be the shortest possible, which also mini-
mizes the number of frames needed to be stored as well as the
delay. In the z-transform domain the filters are given by

1 1
H,(z) = 5(] +z7h, Hy(z = 5(! = (5

Together with synthesis filters given by Eq. (2), these filters
yield perfect reconstruction, as in Eq. (4), withthedelayk =1.

The spatial filters operate in parallel at a lower rate, and the
filter lengths do not affect the storage requirements. Conse-
quently, we can allow higher-order filters. LeGall22 derived

pairs of perfect reconstruction filters that are well suited for
image processing. These filters have linear phase, low compu-
tational complexity, and relatively good characteristics for
frequency selection and interpolation. From among them we
chose the following filters for the spatial subband analysis and
synthesis:

1

H,(z) = Z(—l 422"+ 6z i+ 227 =27, (6)
1

H,(z) = Z(] — 2wV 427, (7
1

G2 = 71 +227' +27Y (8)
1 _ _ ~3 -

Gh(z}=Z(l+22]—612+22'+z“}‘ 9)

As can be verified, for the given filters the input/output
relationship [Eq. (1)] reduces to Eq. (4), with the delay k=3.
The frequency responses of the four spatial filters H,, Hy, G,
and G, are shown in Fig. 5. The low pass filter of shorter
length, G,, given in Eq. (8), was chosen as the synthesis low
pass filter because of its better interpolation characteristics.

Note that all filters are chosen with regard to their low
computational complexity, which is tabulated in Table 1 for
the analysis filters given in Egs. (5) through (7). The synthesis
filters have the same complexity. The complexity of the over-
all coding scheme is studied and compared with other
methods in Ref. 23.

Through the subband analysis we have achieved a desirable
separation of the input data into 11 parallel bands. Each band
has a known importance in terms of image features and qual-
ity, to which the encoding can be tailored. Thus, masking
properties of the human visual system may be incorporated to
yield good image quality even though the distortion may be
high in a mean square error sense. The base band (band 1),
which has been low pass filtered through all stages, is the most
vital, and the importance of the other bands decreases with
increasing band index, loosely speaking (see Fig. 4 for the
band indices). This can be seen in Fig. 6, in which the subband
analysis of Fig. 4 is performed on an image sequence. In the
center of the top row is the input, with the temporal low pass
component on the left and the temporal high pass component
on the right. In the second row, from left to right, are the
subsampled horizontal low and high pass components of the
respective components. In the third row, the results of vertical
analysis and subsampling applied to the components is
shown. The components are alternately low and high pass,
starting with a low pass filtered component at the left. The
four pictures in the last row represent bands 1 to 4, obtained
by horizontal and vertical analysis of the leftmost picture in
the third row.

The decomposition over time yields one component with
an essentially constant bit rate when encoded, while the other
component exhibits a bursty behavior after encoding. The
encoding can be designed to handle the two cases of constant
and bursty rates separately. Compare this with interframe
differential pulse-code modulation (DPCM), which corre-
sponds to the temporal high pass component alone. It is
expected that a nonadaptive quantization would perform bet-
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in the DPCM case. Consider that the high frequency compo-
nent, as well as the entire DPCM error signal, would be
suboptimally encoded by a nonadaptive method, owing to
lack of stationarity of the signal. On the other hand, the low
frequency component, in the subband case, is nearly station-
ary, for which adaptivity is not required for good perfor-
mance. Thus, the temporal subband analysis may, in a
nonadaptive case, perform better than interframe prediction
by partly obtaining near optimality. In addition, temporal
filtering is more robust to transmission loss than interframe
prediction.

The second stage of spatial analysis filtering, which yields
bands | to 4, is necessary to achieve high compression. The
component resulting from the low pass analysis filterings of
the first three stages requires sophisticated encoding for its
redundancy reduction, analogously to the input sequence,
which it resembles. Thus, in accordance with the supporting
arguments given for subband coding of the original, the solu-
tion for this band’s coding is further spatial analysis into four
more bands.

Note that seven of the bands each have only 1/8 of the
input data rate, and the remaining four have only 1/32 of the
input rate. Moreover, for the purpose of parallel implementa-
tion, we treat the subbands as being independent. Thus, all
subsequent processing, such as packetization, protocols, and
network access, may be done in parallel at more tractable data
rates,

Next we present how the 11 subbands are compressed and
how the subband analysis may be well integrated with the
networking issues under consideration.

4. ENCODING OF THE SUBBANDS

The subband analysis has not resulted in any compression: the
sum of data in the subbands equals that of the input. How-
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ever, it has yielded a desirable separation of the data. The
filtering operations yield one band (band 1) with an intensity
distribution similar to that of the input [compare Figs. 7(a)
and 7(b)]. The other 10 bands (bands 2 to 11) have distribu-
tions highly concentrated at or around zero and variance
highly reduced compared with that of the input distribution,
as shown for some of the bands in Figs. 8(a) through 8(d).
They may therefore be quantized to a reduced number of
intensity levels without introducing high amounts of visible
distortion. Band 1 is still highly correlated in all dimensions
since it is similar to the input. This correlation is partially
removed by DPCM encoding. Note that any method of image
coding could be used for this purpose, for example, discrete
cosine transform.2 (Figure 4 gives the band indices.)

Quantization of the pixel values and the prediction error,
respectively, results in large connected areas of zero-valued
pixels in each band, which run-length encoding exploits to
further the compression.

4.1. DPCM encoding of the base band

Subband I, which is obtained through spatial low pass filter-
ing of the temporal low pass component, is the subband that
carries most of the information about the original image.
Because of its importance it is transmitted with a higher
priority than the other subbands. Although this band contains
only 1/32 the amount of data in the input, it still has too higha
data rate for requesting high priority transmission. We encode
this band with a simple one-dimensional DPCM scheme. In
our case we found vertical prediction slightly superior to
horizontal prediction in terms of compression. Although the
signal exhibits strong correlation over all three dimensions,
the issue of robustness and error recovery is too important to
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Fig. 6. Three-dimensional subband analysis of a video sequence.

allow the introduction of dependencies in more than one
dimension. Again for the sake of robustness, spatial predic-
tion is preferred over temporal prediction; thereby, the effects
of transmission loss are confined to the frame in which the loss
occurs. The interframe redundancy may be well exploited for
error recovery (see Sec. 5), so the prediction loop does not
have to be made leaky, which would reduce the compression.

The quantization of the prediction error signal has to be
done with caution since, through the synthesis, each pixel will
be up-sampled and interpolated to a 4X4 block of pixels in
each of two frames. This may accentuate the visibility of
artifacts, such as contouring. This subband offers the smooth
form from which the other bands carve out features and
detail. Consequently, contouring is the foremost artifact to be
guarded against, followed by a lowered dynamic range; both
are due to improper quantization. Henceforth, the quantizer
has to have enough steps to allow fine quantization while still
covering the dynamic range of the prediction error.

In our case, the prediction errors are quantized by a sym-
metric, uniform quantizer. The quantizer has been designed
with virtually unlimited range, whereby only the width of the
zero level and the step size have to be adjusted to fit the
quantizer to the band’s properties. The representative levels
are taken as the midpoint between two quantization levels.
These output levels are assigned variable length codewords
that are fitted to an exponential distribution. Thus, the outer
limit of the quantizer is set to the point at which the length of
the codeword would be unpracticably long. It has been shown
to be beneficial to allow a quantizer with a wide range, which
relieves the problem of choosing between step size and
number of quantization levels. The perceptual importance of
the outer levels is higher than is expected from their rare

occurrence. The locations of the stretches of zero values and
nonzero values, respectively, are run-length encoded, as
described in Sec. 4.3.

4.2. Pulse-code modulation encoded bands

Through the subband division we have obtained 11 bands that
we may treat as independent, of which 10 have a much lower
variance in the intensity distribution than does the original
signal. Hence, for these bands little can be gained through
predictive coding by exploiting the already low amounts of
correlation, and therefore these 10 bands are pulse-code mod-
ulation (PCM) encoded. The distributions of some bands are
shown in Fig. 8. Note that the components that have been
spatially low pass filtered in any direction have a larger spread
of the distribution. This is not necessarily owing to a higher
information content, but to the higher gain factor of the
spatial low pass filter compared with the spatial high pass
filter [see Egs. (6) and (7)]. The quantizers for these compo-
nents can be designed to offset this without requiring more
levels.

We have attempted to fit probability density functions to
the histograms of intensity values for each subband. The
candidate functions are2’ Gaussian distribution,

f(x) = w% ematx—w? (10)

Laplacian distribution,

f(x) = % cmalx—ul (1
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Fig. 7. Histograms of the intensity distribution of (a) an input
sequence and (b) band 1. Note that band 1 has an expanded range of
intensity values compared with the 266 permissible levels of the
input. This is owing to the gain factor of the spatial analysis low pass
filter [see Eq. (6)]. The figure is only intended to show the shapes of
the histograms; therefore, the vertical scales are different for each
one: (a) maximum value 278,232 and (b) maximum value 633.

and Cauchy distribution,

fx) = = ]
(x) = T oa’+(x —p)?

(12)
where p is the mean value. Note that the Cauchy probability
density function has infinite variance, but it would be used
over a finite range of intensity values, which gives a finite
variance. The functions were fit to each normalized histogram
(i.e., the sum of values equals 1) by adjusting the parameter o
and computing the mean square error of the deviation. The
best fitting function is overlaid on each histogram in Fig. 8.
The quantizers could be designed according to the assumed
underlying probability density function. However, subband
coding allows adapting the quantization to perceptual crite-
ria, a feature that ought to be utilized. Consequently, the
analytic design would be based on the fitted probability den-
sity functions but adjusted according to perceptual criteria
when such are contrary to the dictates obtained through for-
mal analysis. For example, Gharavi and Tabatabai 4 suggest
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Fig. 8. Histograms of the intensity distribution for four subbands:
(a) band 2, (b) band 6, (c) band 8, and (d) band 11. The best fit of the
probability density functions given by Egs. (10) through (12) is over-
laid on each histogram. For band 1, the best fit is achieved by a
Cauchy function, Eq. (12); for the other three bands, the Gaussian
function, Eq. (10), is the best approximation to the probability den-
sity distribution of the data. (Note that the figure isintended to show
only the shapes of the histograms; therefore, the vertical scales are
different for each one.)

the use of quantizers with a “dead zone” for high pass filtered
components. This means that the quantizer has a wider zero
level than a quantizer designed analytically, based on the
signal’s assumed probability density function. The reason for
using a dead zone is to remove picture noise, which appears as
a low level signal in the higher bands.

The current implementation has symmetric, uniform quan-
tization of all of the bands from 2 to 11. For each band, we
adjust only the width of the dead zone and the step size.
Analogously to the quantizer for band 1, the quantizers have a
wide range with variable length codewords for the output
levels, which are taken as the midpoint between two quantiza-
tion levels. The codewords are designed for an exponential
distribution and have a limit on the maximal length. This limit
constitutes the outer bound of a particular quantizer. Only the
nonzero values are transmitted through run-length encoding
of their locations.

4.3. Run-length encoding

The encoded subbands now have large connected areas of
zero-valued samples in each frame. This of course suggests
that run-length encoding could be fruitfully employed to indi-
cate the stretches of zero- and nonzero-valued samples.
Run-length encoding is a technique most easily imple-
mented as a one-dimensional encoding along the rows or
columns of a picture. Our findings are intuitively clear: to
necessitate the fewest runs, each subband frame should be
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encoded along the spatial direction in which it has been low
pass filtered. Encoding is complicated by noise since isolated
values have to be encoded as runs on their own, with a large
resultant overhead. To eliminate these values, which contrib-
ute little to the quality of the reconstructed image, we employ
a simple “noise cleaning” by truncating each value with two
zero-valued samples on each side in the direction of the run. A
study of sequences of reconstructed images shows no visible
degradation due to the truncation of these singular values. It
does, however, reduce the number of samples to be encoded.
Moreover, short gaps of one zero-valued pixel are bridged to
get longer and fewer data runs. This decreases the overhead
associated with the run-length encoding but slightly increases
the number of data values to be sent. Therefore, only one-
pixel-wide gaps are bridged.

The codewords could be any set of fixed or variable length
numerals, but the B, codes of Meyr et al.26 are very suitable
and easy to implement. They have also been used successfully
by Gharavi and Tabatabai in subband coding of still
images_lz. 14

5. INTERACTION OF THE CODER AND THE
NETWORK

To obtain the best possible performance under nonideal
transmission conditions, when packet loss occurs, the signal
processing aspects of the video coding have to be merged with
the networking considerations. Thus, the packetization of the
data has to be integrated with the encoding of the subbands.
In addition, a suitable error recovery scheme is needed to
avoid breakdown of a video session when a packet is lostin the
DPCM-encoded band and to reduce the visibility of such an
error. Furthermore, when the network is congested, graceful
congestion control that maintains the highest possible image
quality has to be enforced at the encoder rather than in the
network. Finally, the protocol aspects of video sessions must
be considered. This issue pertains to the type and quality of
service to be established for a video session.

5.1. Packetization

To limit the propagation of the error that results from a lost
packet, all packets are made independent of one another.
Thus, there is no mixing of data from different subbands, and
neither data runs nor runs of zeroes may be broken into
different packets. Each individual packet contains the address
of the starting location of the first run that it carries (see Fig.
9). This means that when a packet is lost, the data not received
can be treated as erasures, i.e., the locations of the lost data are
known. This simplifies the error recovery since there is no
error propagation and the erased values may be substituted to
alleviate the visibility of the error. Note that although the data
from different bands are not multiplexed into one packet, one
packetizer may still serve more than one subband.

5.2. Error recovery

Error recovery has been shown to be of importance mainly in
the DPCM-¢encoded band.?” By virtue of the packetization,
lost packets become erasures. For the PCM-encoded sub-
bands, such erasures have been found to be masked by the
data in other bands, as we show in Sec. 6. A lost packet of
PCM values is thus replaced by zero-valued samples. This
appears as lost texture and detail in the reconstructed image.

sTARTING | B 9F | Lenamr of | LENGTH OF LenGTH OF | LE!
srarmue, | ERSTBAA e of e B | - - - | EENOES 7|4 g&ﬁ DATA VALUES

Run length code

Fig. 9. Format of the packetized data. The data values at the end of
the packet are to be distributed according to the run-length code-
words. (The illustrated size of a block does not represent its actual
size in bits.)

The visibility of this distortion is low when viewing is at video
rate primarily because the effect is subtle and the erased areas
are scattered spatially and over time. Hence, all further dis-
cussion in this section pertains to only the DPCM-encoded
subband.

The information contained in the DPCM-encoded sub-
band is the most vital and will be transmitted at a high
priority. However, this does not guarantee that packets will
not be lost or unduly delayed, even though such loss or delay is
extremely rare. Therefore, some method of error recovery has
to be considered to avoid a complete restart of the video
session if a packet is lost and to reduce the visibility of the
event. As pointed out in Sec. 2, notifying the transmitter of the
lost packet and initiating an appropriate handling is not con-
sidered feasible owing to the tight time constraints involved. It
may also lead to more severe congestion if all affected video
providers flood the already congested network with retrans-
mitted data. Thus, error recovery has to be handled at the
receiver alone.

To achieve error recovery of the signal, the signal is packet-
ized according to Sec. 5.1, with the addition that each packet
starts with one PCM value and the error signal is packetized
along the direction of the prediction. Thereby, we confine the
error to the lost values; no further propagation is possible.
Note that if we had used two- or three-dimensional prediction
for the base band compression, this erasure property would
have been obtained only by including one- or two-dimensional
arrays of PCM values, respectively, with each packet, which is
clearly unfeasible.

In a first attempt to cover the erased area, the values that
could not be properly reconstructed were taken from the
corresponding area in the previous frame.?” The difference
between the values from the previous frame, which have
replaced the erasures, and the neighboring correct values was
expected to be smoothed out during the subsequent synthesis
low pass filtering. This proved to be an unsatisfactory remedy
even when there were small amounts of motion in the video
scene. To improve the performance, we will use a simple
motion compensation scheme to locate the most proper area
in the previous frame to be used for the replacement. We deem
the scheme possible to be implemented with low complexity.
As justification, consider that the error recovery has to be
invoked only when a packet is lost, that the frame rate is only
half the input rate, and that the motion estimation may be
done only for a small number of pixels, for example, the
corner pixels of a rectangular area circumscribing the erased
area. However, the method is still under investigation.

Error-correcting codes?® may offer an alternative for
reducing the visibility of transmission errors in the DPCM-
encoded band. By application of such codes to the data in the
direction perpendicular to the packetization,? lost packets
can be corrected as long as their number does not exceed the
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error-correcting capability of the code. It is unfeasible to
choose a code to be able to recover from any number of errors
that might occur during a video session. Since it is not possible
to put a deterministic bound on the number of lost packets
within each video frame, such codes would have to have very
powerful error-correcting capabilities to handle a worst-case
scenario. Inevitably, this yields high amounts of overhead
even during normal operation of the network, when no or few
packets are lost. Rather, the code should be chosen to reduce
the probability of a visible error to some acceptable low level,
while yet some error handling has to be invoked at the receiver
to avoid termination of the video session when the level of
packet loss has exceeded the correctable. Note that use of
error-correcting codes will increase the complexity of the
encoder since the introduced redundancy will have to be offset
by higher compression, which adds to the computations
introduced by the error-correcting encoding.

5.3. Congestion control at the encoder

There are good reasons why congestion control should be
enforced at the encoder rather than in the network. Assume
that there is congestion: the network will enforce congestion
control by blindly retaining and disregarding packets,! whereas
the encoder will reduce its flow with regard to the importance
of the data. In this manner, the encoder can shield the viewer
from noticing all but the most severe network congestion.

Subband encoding yields a desirable decomposition of the
image sequence into components with known properties.
When we need to enforce a higher compression of the input
signal, we have a good notion of which bands contain vital
data and in which bands the less important data lie. The
increase of compression can therefore be aimed at the least
important bands, starting with a change of quantization to
coarser and fewer steps, spatial subsampling, and, eventually,
omission of transmission of entire bands.

Provided that no new set of codewords need be introduced
for the data, congestion control can be handled at the trans-
mitter without notifying the receiver. This avoids the problem
of lost messages to indicate the change of compression mode.
Spatial subsampling is easily detected since the run-length
encoding indicates twice the number of data values that are
actually supplied in the packet (see Fig. 9). This indicates that
each sample must be repeated twice, or interpolated in a more
sophisticated way. Since untransmitted data are handled at
the receiver in the same way as lost data, even the frame rate of
the DPCM-encoded band can be controlled at the transmit-
ter. If no data of an entire frame are sent, the previous frame
will, by virtue of the error handling, be repeated at the
receiver. Hence, the output rate from the encoder may be
dramatically cut, theoretically to zero, when the video has
slowed down to become freeze-frame at the receiver.

If information about network congestion cannot be made
available to the encoder, an alternative, less sophisticated
technique is to use priorities for the transmitted bands. This
has been studied for voice transmission with two priority
classes, 3 but the scheme could be extended to more classes by
assigning the least important band the lowest priority and
increasing the priorities with the importance of the subbands.
The network would then be allowed to handle the congestion
control by discarding packets in order of increasing priority,
whereby the least important data are lost first. The smooth
degradation that is obtainable by the first scheme is here
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Fig. 10. The location of coding and packetization within a layered
protocol model. The terminal equipment, typically a control device
forinitiating and terminating video sessions, would contain the A/D
and D/ A circuitry.

traded for the simplicity of using the network’s existing mecha-
nism for congestion control,

Itis worth noting that with the first method, only data that
can be successfully transmitted enter the network, while in the
latter case all data enter, some only to be discarded down-
stream in the network,

5.4. Interaction with protocols

Figure 10 shows how the coding and the associated issues fit
into a layered protocol model. The terminology is taken from
the open systems interconnection model! but solely as an
indication of functionality. In particular, at the application
layer it is desired to offer a flexibility in the setup of a video
session. For example, when the session is initiated, the user
may want to decide between the quality and the cost of the
session. The quality depends on two parts: encoding and
transmission. The encoding may be adapted to achieve a
desirable quality and output bit rate through transmission of
an appropriate set of subbands. The greater the number of
bands, the higher the quality and the output rate. For the
transmission, the issue is the degree to which the session may
be affected by the total load of the network. A more consistent
quality is obtained if all transmitted bands are given high
priority, rather than only the base band. Thus, through encod-
ing, the quality without transmission loss is set, and through
the priorities of the transmitted bands, their allowed deterio-
ration under network congestion is decided. Moreover, the
application layer should allow a multicast session to be
arranged. The coder also lends itself to set up sessions in
which, for example, four smaller images showing different
speakers replace a larger image showing only one speaker.
Any such setup is easily handled since the received bands are
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(b)

Fig. 11. Pictures representing the video sequence used in the simu-
lation. (a) Segment with little motion. (b} Segment with substantial
motion.

TABLE Il Bitrates, in kbits/s, of the subbands and the total output.
The input sequence contained 50 frames of 51 2 X480 pixels with
256 gray levels. The given bit rates are based on a frame rate of 15
frames/s. The minimum and maximum values are the instantaneous
rates, which correspond to the respective mimimum and maximum
numbers of bits needed to encode a particular frame in the sequence.

Standard Minimum Maximum
Band Mean deviation rate rate
1 3000 7.0 2794 308.3
2 98.6 15.8 62.6 1234
3 117.2 205 59.7 144.8
4 295 8.3 12.6 429
5 192.8 105.4 1156.3 603.2
6 875 222 384 124.2
7 10.3 3.1 6.7 217
8 539.4 265.1 160.9 1435.9
9 147.1 115.6 35.2 5471
10 62.9 18.2 285 90.9
11 11.8 4.6 49 22.0
Total 15697.3 4158 1077.7 31015

OR PACKET NETWORKS

(b}
Fig. 12. The pictures of Fig. 11 shown after compression.

subsampled; thus, up-sampling and interpolation are simply
bypassed.

6. RESULTS

We have obtained encouraging results pertaining to compres-
sion and associated quality possible with subband coding of
video. The results include both lossless transmission and
transmission with packet loss.

Figure 11 shows two representative images of the mono-
chrome sequence used in the simulation; Fig. 11(a) is taken
from a segment with little motion, and Fig. 11(b) is taken from
a segment in which there is substantial motion. The total
sequence contains 50 frames, each of size 512X480 pixels,
which corresponds to a data rate of 29.5 Mbits/s, given a
video rate of 15 frames/s. The datarates foreach subband are
given in Table II, together with standard deviation and min-
imum and maximum rates. The minimum rate is calculated as
the frame rate times the minimum number of bits needed to
encode any single frame, and the maximum rate is calculated
analogously. The overall data rate is 1.6 Mbits/s, which is
roughly 1/ 18 of the input rate.

The minimum signal-to-noise ratio (SNR) for any single
frame is 35.9 dB, calculated as
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Fig. 13. Bits per frame of the sequence. (a) Total rate from all bands.
(b) Sum of the output rates from the temporal low pass filtered bands
(bands 1 through 7). (c) Total rate from the bands with temporal high
pass frequencies (bands 8 through 11).
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| ]

Fig. 14. SNR for each frame in the sequence, following a moving
average of length 4, which is performed to yield a measure corre-
sponding more closely to perceived quality.

2
SNR = 10log,, (“2—21) ' (13)
Odiff

where 256 is the intensity range of the input and o is the
variance of the difference between input and output frames
(the mean is 0). The mean SNR is 36.9 dB, and the standard
deviation is 0.64 dB. Two frames from the reconstructed
Sequence, corresponding to the pictures in Fig. 11, are shown
in Fig. 12,

In Sec. 2 we discussed how allowing the transmission rate
to vary permits the quality to remain constant. In Fig. 13(a)
the bits per frame are plotted for the whole sequence. Note
that the sequence length is halved because of the temporal
subsampling during analysis. The output rate from the
encoder varies greatly, which is also apparent from Table [].
To assess the quality, we computed the SNR for each frame
and filtered it with a moving average filter of length 4, with the
result shown in Fig. 14. The reason for performing the moving
average is to measure an SNR over a time window that
represents more closely what the eye might catch.3! Note how
the fluctuations in the SNR are contained within | dB, which
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(b}

Fig. 15. The pictures of Fig. 11 after compression and lossy trans-
mission with five lost packets per frame in bands 2 through 11.

for all practical purposes may be considered constant. Com-
paring the two plots, the statement of justification for packet
video seems to hold this far; varying bit rate transmission can
yield constant quality video.

Figure 13 also includes plots representing the total rates
from the temporal low frequency bands (| through 7), Fig.
13(b), and the temporal high pass bands (8 through 11), Fig.
13(c). These two curves show what we wished to obtain with
the temporal filtering: one constant component and one
bursty. Thus, any encoding following the time analysis can be
designed to operate on a signal with either a nearly time-con-
stant information rate ora bursty one. This is to be compared
with, for example, interframe prediction, in which only one
encoding mechanism has to handle both of these cases.

Throughout this presentation we have pointed to the issue
of robustness to transmission loss, Although the visibility of
errors is diminished when the sequence is viewed at video rate,
compared with the scrutiny of individual frames, we will tryto
make our point with the images in Fig. 11. We corrupted the
image sequence represented by Figs. 11(a) and 11(b) by five
lost packets per video frame in the high frequency bands (2
through 11); the results are shown in Fig. 15. The affected
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(b)

Fig. 16. Lossy transmission with one packet lost per framein band 1
and five packets per frame in bands 2 through 11. Note that the lost
data appear in different locations in (a) and (b).

bands, as well as the locations for the loss, were selected
completely at random. Figure 16 is similar, but this time the
more error-sensitive base band is corrupted as well, by one
lost packet per frame. Again, when the sequence is viewed at
real video rate, the errors are less visible. This is because the
errors are randomly scattered spatially between the frames
and in different combinations of the bands, whereby the
nature of the error changes.

The single packet lost per frame in the base band corre-
sponds to 2.6% packet loss for that band, and the correspond-
ing ratio for the other bands is 3.0% (assuming equal priority
transmission of these bands), which is considered high for
most networks. The packets were taken to be 1024 bits, which
conforms with the MAGNET standard,’? and the data
included the overhead of the run-length encoding (approxi-
mately 40% of the pixel data).

In summary, we have found that the presented results
justify many of our assumptions regarding packet video cod-
ing. The quality of the reconstructed video, as conveyed by the
pictures presented, is representative for the entire sequence:
no noticeable impairment seems present. Thus, the SNR plot

(Fig. 14), which indicates very little fluctuation in quality,
corresponds to the perceived quality. This is what we hoped
for by allowing the transmission rate to vary.

The handling of problematic issues of packet transmission
has received encouraging results. In particular, packet loss,
which was feared as a major complication, appears to be
alleviated by the methods discussed in Sec. 5.

[t is noteworthy that band 1 has a data rate that is close to
constant (see Table 11). Recall from Sec. 5 that because of its
importance, this band will be transmitted at high priority (i.e.,
with a fixed amount of capacity allocated). Clearly, the low
variance of the band’s output rate will yield only a negligible
waste of the allocated capacity. The concept of high priority
transmission of band | is thereby deemed practicable.

7. FUTURE WORK AND CONCLUSIONS

The extension of the work presented comprises the network
response to the encoded video signals for the target network,
MAGNET.3? Network statistics will be collected that are
necessary for the future evolution of the coding scheme. These
include transmission delays and losses, evaluated for different
priorities and amounts of network load, and estimates of the
time jitter between received packets. These statistics will be
used for deciding on resynchronization methods at the
receiver, based on the techniques developed for “packet
voice.”¥-11 Also, statistics of the coder output rate will be used
for network performance analysis.’ The analysis of voice
transmission systems with two priority classes for congestion
control3® may be extended to the larger set of priorities needed
for the subbands. Finally, this work can be applied to the
development of a protocol model for integrated networks,5.34
to include video in the integrated services.

In terms of refining the coding scheme, the PCM quantizers
may be adapted to the intensity level in the base band, which
may increase the coding gain as well as lower the perceptible
coding noise. Since the base band is reliably transmitted, such
a dependency is not expected to worsen the robustness of the
coding. The subbands are also tractable for doing motion-
dependent encoding,!” which could include lowering the spa-
tial resolution of high temporal frequency bands during ample
motion.

In conclusion, we have described the issue of transmitting
video over packet-switched networks. This environment gives
a flexibility not possible with circuit switching in terms of
services integration and transmission of signals with varying
bit rates. There is, however, a new set of problems to be
tackled related to variable delays and packet loss. We have
found the following issues to be of importance in the design of
a coder for packet video: adaptability, robustness to packet
loss, resynchronization, control of coding rate, protocol
interaction, and parallel architecture.

With these points in mind, we have investigated a video
coding scheme based on the technique of subband coding. In
an initial study it has revealed appealing properties, such as
high compression with good perceptual quality, robustness to
packet loss, tractable integration with networking issues, and
an architectural simplicity suitable for parallel implementation.

The networking issues discussed in the context of this
coding method include packetization, error recovery, conges-
tion control, and protocols. For packetization, we have found
it important to supply the starting location of the data in the
packet and thereby enable the lost data to be treated as
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erasures. Error recovery is applied only in the base band,
which has been predictively encoded. Initially, the corre-
sponding area of the previous frame was used for replace-
ment, but this proved to be insufficient during motion. Hence,
we have begun a study of more sophisticated algorithms for
substitution. To resolve congestion, the data flow from the
coder is decreased by affecting the least important subbands
first, which leads to a smooth degradation in received image
quality. Protocols to set up a video session should allow the
user to define a desired level of transmission cost and recon-
structed quality.

Finally, initial results from a simulation of the system show
that three-dimensional subband coding is a promising way of
achieving video compression, especially in connection with
packet-switched transmission.
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