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ABSTRACT

Various techniques for SNR scalability in hybrid block-based video coding exist in the literature and in different standards.
A new approach based on transform coefficient refinement is proposed in this article. The coefficient difference is computed
after quantization, subsequently entropy-encoded, and transmitted for reconstruction of a high-quality layer at the decoder.
The approach achieves in most cases only a moderate increase in bit rate as compared to other schemes. The bit rate of our
two-layer framework converges towards the rate of a single-layer system as the quality difference between the two layers
increase. The gains come at the cost of increased computational complexity and memory requirements.
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1. INTRODUCTION

Currently, new video compression algorithms are being standardized by the Joint Video Team, a joint effort of ITU-T’s
Video Coding Experts Group and ISO/IEC’s Moving Pictures Experts Group. The project will eventually evolve as two
new — and identical — standards, Recommendation H.264 and International Standard 11172-10, also known as MPEG-4
Advanced Video Coding. The standardization process is more commonly addressed by its project name H.26L and has at
the moment the status Draft International Standard. It is expected to be ratified by summer 2003.

H.26L is, among a number of other applications, being developed for broadcasting and streaming frameworks. On a
client-server basis, these applications offer their services usually at different levels, i.e. with different image qualities for
different clients. However, features like scalability by spatial resolution or quality have so far not been standardized in
H.26L. Considering the latter scheme, this article proposes a new technique which is suitable for all hybrid block-based
video codecs.

The article is structured as follows. First, we briefly introduce H.26L and explain its basic functionality. We then
give an overview of different approaches to SNR scalability in previous research and standards, followed by the proposal
for a new technique based on coefficient refinement. After that, we discuss implementation issues in detail and present
simulation results. The article closes with concluding remarks.

2. DESCRIPTION OF H.26L

H.26L is very similar to prior digital video compression standards like H.26x and MPEG-x. It is a block-based hybrid
coding scheme, i.e. a spatial or temporal prediction of the current signal is computed and subtracted from the original.
Then, the prediction error is transformed, quantized and entropy-encoded. H.26L consists like its precessors of several
sets of algorithms, also called profiles, of which one has to be chosen for a specific application. We will concentrate in
the following on the basic operation mode, which is specified by the Baseline profile. There, the transform is a DCT-
approximating 4 x 4 integer transform. The transform coefficients are then processed by uniform scalar quantization
and thereafter encoded by context-adaptive variable-length coding, resulting in a binary code stream. The choice among
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the 52 different available quantizers is made by passing a quantization parameter (QP) to the encoding system. The
QP specifies the quantizer’s step size and influences hereby both the encoder’s output rate as well as the quality/PSNR
of the reconstructed sequence. An increase of QP by one leads to an approximately 12% larger step size. To reduce
complexity requirements, H.26L works on so-called macroblocks (MBs) which — assuming a YCbCr color space and 4:2:0
chrominance (chroma) subsampling — consist of one 16 x 16 luminance (luma) block and two 8 x 8 blocks for the color
components. A group of MBs forms in turn a slice, the smallest independently decodable data unit.

The encoder has to determine a prediction mode for each MB with regard to an error criterion. This is referred to as
mode decision and done independently for the luma and chroma signals with the exception that, if a luma MB is INTRA-
coded, then also the predictions for both corresponding chroma MBs have to be intra-frame predictions. In order to adapt
closely to the input signal, the codec follows a sub-MB/block concept. In INTRA (1) coding, a luma MB can either be
predicted as a whole, 16 x 16-pixel block, or is split into 16 blocks of size 4 x 4. INTER (P) coding employs a hierarchical
split where a luma MB can be cut into halves by dividing its dimensions horizontally, vertically, or both. The same scheme
may in turn be applied to the resulting one to four 8 x 8 blocks. An H.26L system can hereby adapt to the detail of the
input image and capture motion across frames.

In contrast to e.g. H.263, standardization of scalability by quality has not been considered in H.26L so far. However,
SNR scalability is a very important feature which makes the system very flexible for applications in broadcasting and
streaming, where different channel bandwidths are available with several receivers. It is further of advantage in error-prone
environments for graceful degradation of the quality of the reconstructed pictures in case of transmission errors.

3. SNR SCALABILITY

SNR-scalable systems offer multiple representations of the visual data at different quality levels. This is achieved by
several layers, each of which represents the original signal with a certain quality. The layer of lowest quality is the base
layer. Higher-quality representations are accomplished by combining the data of a low-quality layer with data of one or
several enhancement/refinement layers. A major drawback of block-based DCT systems which offer SNR scalability is the
significant increase in bit rate as compared to a single-layer representation which represents the data at the highest quality
of a multiple-layer framework. Hence, generally speaking, any framework which offers multiple-layer representations
trades off bandwidth and SNR.

In the progressive operation mode of the JPEG standard and H.263 Annex O, SNR scalability is achieved by several
coding passes. As a first pass/scan, coding of the original sequence at a low or moderate compression ratio leads to base
layer data. This data is then reconstructed and subtracted from the original signal, hereby forming the coding error of
the first pass. The error is in turn coded and sent to the receiver as refinement information. Theoretically, there can be
an arbitrary but finite number of layers. Pennebaker and Mitchell report a 33% increase of the JPEG standard’s bit rate
with progressive coding as compared to a single-pass compression with comparable image quality.! Progressive coding
in the JPEG standard is done by either spectral selection of DCT coefficients or by their successive approximation (bit
plane coding), or a combination of both. Considering a layered H.263 Annex O video codec, an increase in bit rate of
approximately 29% has to be expected to reach the quality of a single-scan coding scheme.? Here, scalability is achieved
by coding the difference between original and reconstructed base layer signal, formed in the spatial domain.

A different scheme is standardized in MPEG-2 (in the SNR profile).® The transform coefficients of the base layer
are quantized with a high QP and form the base layer. The enhancement layer is derived by quantizing the base layer’s
guantization error with a low QP. The enhancement quantization error may or may not be fed back into the decoder loop of
the encoder. With feed-back, a drift problem occurs because the information of the high-quality layer is used as a reference
for prediction of the base layer. This approach is not suitable in error-prone environments as the decoder may be forced to
use only the base layer signal for prediction in case the enhancement layer was lost under transmission.

In the following, we propose a new scheme which is suitable for SNR scalability in H.26L. To keep both the system
simple and the amount of computation for simulations reasonable, we will focus on the instance of one base layer (BL)
and one enhancement layer (EL).



4. TRANSFORM COEFFICIENT REFINEMENT

Due to the energy compaction property of most signal transforms in video coding, one would expect that schemes which
form the coding error in the frequency domain are more efficient than schemes which compute the error in the spatial do-
main. Therefore, we compute the difference signal in the frequency domain and — in contrast to e.g. MPEG-2 — on the quan-
tized transform coefficients. In other words, the transform coefficients of the second pass are predicted by the coefficients
of the base layer, and the difference is then losslessly entropy-encoded. The efficacy of the approach is therefore dependent
on the performance of the entropy-encoding module and the statistics of the scan of coefficient differences. If available,
the refinement information is added to the transform coefficients on the decoder side for high-quality (HQ) image recon-
struction. The approach of coding the transformed and quantized prediction error (€) difference Q{T{eno}} —Q{T{esL}}
is more efficient than coding the reconstruction error xg. — XgL With regard to original signal x and reconstructed signal X
because of the high similarity of both signals, especially for large AQP = QPg. — QPHg. Additionally, side information
like prediction mode and motion vector data is re-used with only insignificant quality degradation for the layer for which
the mode decision has not been optimized. We stress the fact that, with the proposed two-layer technique, the high-quality
layer reconstructed by QPHg is identical with a single layer which has been reconstructed setting QP = QPhq.
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Figure 1. An H.26L-conform encoder modified for SNR scalability. Double internal nodes, marked e.g. by t, denote operation for all
layers. Acronyms: Pz INTRA prediction; Pp: INTER prediction; RPB: Reference picture buffer; Fag: Anti-blocking filter; T (T~1):
(Inverse) transform; Q (Q~1): (Inverse) quantization; EC: Entropy coding; NAL: Network abstraction layer; MVs: Motion vectors

The EL requires its own reference picture buffer and that prediction, transform and quantization be performed inde-
pendently of the BL. However, it is mandatory for both layers to operate with the same prediction mode, i.e. macroblock
type, since the two sets of transform coefficients are subtracted from each other. This means in particular that the time-
consuming motion estimation is only done for one layer. Sharing side information like prediction mode and motion vectors
is further the key to an efficient scalable solution which gives only a small bit rate increase. For streaming and videocon-
ferencing systems, the encoder should optimize the mode decision with regard to the high-quality layer because it expects
the application to receive ideally both code streams. For broadcasting applications and error-prone environments, mode
decision should be chosen to be optimized with respect to the BL to provide a best possible image quality (quality of ser-
vice) under erroneous transmission. The quality of the layer for which mode decision has not been optimized will degrade
somewhat (typically around 1 dB in PSNR) when coding with the same QP but using a different layer to determine the
optimal coding mode (INTRA /INTER, block size, reference picture). Subsequently, we have chosen the high-quality layer
as basis for mode decision.

Due to the MB approach of H.26L, the EL does not necessarily have to cover the whole spatial plane but can be
computed for one or several specific areas within, hereby allowing for region-of-interest (ROI) coding. These areas have
to begin and end at MB boundaries because of the largest prediction mode which is of size 16 x 16 pixels both with INTRA
and INTER coding. We propose the use of a 1-bit ROI array/mask, consisting of ones to signal ROl MBs and of zeros
elsewhere, resulting in 99 data bits per frame for QCIF images, which have to be conveyed to the decoder. The ROl mask
can, but does not have to, be updated for every video frame. This concept is very flexible as it allows for transmission of
several areas of differently increased quality. However, a QP or AQP has to be signaled for each ROI. As the increase of
overhead means a decrease of coding efficiency, we limit our implementation in the following to one ROI, i.e. the whole
frame, with one fixed QP. An example for a high-quality layer which does not cover the whole picture is shown in Fig. 2.

We implemented the proposed scheme in both encoder and decoder of the Joint Video Team’s reference software Joint



Figure 2. The foreground marked by the rectangle is coded by QP = 20, the background is coded with QPg = 40.

Model JM-4.0d. The corresponding preliminary standard document is the Joint Final Committee Draft.* The software is
operated in the Baseline profile mode which includes the features 1/P slices, in-loop deblocking filter, 1/4-sample motion
estimation/compensation, context-adaptive variable-length coding (CAVLC), and a YCbCr color space with 4:2:0 chroma
subsampling. We set frame skip and number of reference frames to one and further the size of one slice equal to one
sequence frame. As optimization criterion for low-complexity mode decision, we do Lagrange functional minimization
with regard to the summed absolute transformed difference (SAT D):

J=SATD+A R (1)
with a rate constraint R and the optimization parameter A. SATD for a 4 x 4 block is defined as

3
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T {-} is the 2-D Hadamard transform, and the definition of the prediction error is

D(i, ) = Xorg (i, ) — Xpreai, ), ®)

with the original and predicted samples X, at position pixel i in line j. The minimization is done for all intra- and inter-
frame MB coding modes (the latter one implying all reference frames).

The encoder outputs, in addition to the BL bit stream, a separate EL stream which consists of a so-called coded block
pattern (CBP) for each MB and the entropy-encoded transform coefficient differences for all color components, and both
DC and AC coefficients. The CBP contains information about which of the scans of the six 8 x 8 blocks of a MB (four luma
blocks and two chroma blocks) include non-zero coefficients. If an 8 x 8 block is marked as having only zero coefficients,
no further data is conveyed for that block. We note that the CBP of the EL contains information about the scan differences
of low- and high-quality layer. As H.26L works on a slice basis, we group also the MBs of the EL into groups and precede
them with a unique start code, hereby adding 3 bytes to every slice. The EL may hence be transmitted packet-wise with
one slice per packet, and the system is therefore appropriate for use in error-prone environments.

5. TESTING, RESULTS, AND DISCUSSION

We computed the bit rate increase for three different image sequences, both | and P slices/frames, and for various AQPs.
The QP increment of five has been chosen because the bit stream sizes of BL and high-quality layer are approximately
equal for AQP = 5. The test sequences (and their resolutions) are high-motion sequence Foreman (QCIF), low-motion
sequence Container (QCIF), and head-and-shoulder video Salesman (CIF), all with a frame rate of 30 Hz. All results have
been averaged over 150 frames.

The values in Tab. 1 show two interesting tendencies: First, the bit rate increase varies significantly from quite large
for small AQPs (here: two) to very small for large AQPs (e.g. 20). This can be explained by the fact that almost equal QPs



produce similar transform coefficient scans and an EL which consists of many one’s and series of zeros within. Both are
not efficiently entropy-encodable in a rate distortion sense. The worse the quality of the BL, the more of its coefficients are
set to zero, and the more will the total bit rate converge towards the single-layer rate. Second, the rate increase gradient is
more distinct for P frames than for | frames. The explanation is — similar to above — that the coefficient scans of P frames,
coded with different QPs, are less correlated than the scans of | frames due to a more accurate inter-frame than intra-frame
prediction. All results are consistent with these of the other sequences. We can conclude that our proposed scheme offers
less increase in bit rate than the aforementioned systems for AQPs of five or greater.

QPug | Frametype o5 o5 1 25 | Q:fgL| 32] 35] 40
20 i 0 [ 356 | 37.7 | 274 938
20 p 0 [ 44.7 | 30.8 | 15.9 12
% | 0322 209 | 18.7
2 P 0 30.0 165 | 104
30 | 0 | 3358 | 300 | 18.7
30 p 0 [ 522 [ 402 | 252
% i 0297
35 p 0518

Table 1. Average rate increase in % of the two-layer scheme as compared to the rate of a single layer. Sequence: Foreman; Coding mode
optimization for high-quality layer. The results for P frames include an initial | frame.

We further computed the rate distortion (RD) curves with different QPs, as shown in Fig. 3. The five points of the curve
labeled AQP = 0 correspond — in order of decreasing SNR — to the single-layer quantization parameter QP ranging from
10 to 30 with an increment of five. We see that the rate increase varies strongly depending on AQP at high rates (> 500
Kbits/s) and less at low bit rates (< 200 Kbits/s). Generally, the smaller AQP, the higher the AR. The aforementioned
observation that the total bit rate of base and high-quality layer converges with increasing AQP to the rate of a single-layer
framework at high quality can again be made. To strengthen this observation, we computed the rate increase also for very
high (< 30) AQPs, which is only possible at high rates due to the facts that the range of scalar quantizers and hereby QP
is limited from O to 51. The bit rate increase is almost 0% when the sequence is reconstructed by means of a BL coded at
QP =50 and an HQ layer coded with QP = 10. Again, all results are consistent with these of the other sequences.

6. CONCLUSIONS

We have proposed the concept of transform coefficient refinement and layered bit streams for features like SNR scalability
and ROI, and showed its application by inclusion of the new scheme in the video compression standard H.26L. The results
show that the new scheme performs with an increase in bit rate comparable to the other approaches as mentioned in Sec. 3
when the difference between the two used QPs is approximately five and the total bit rate is larger than 200 Kbits/s.. A
smaller AQP means a somewhat higher bit rate, up to about AR = 50%. Our scheme outperforms all other techniques in
a rate distortion sense when AQP is sufficiently large, i.e. at least 5 at high and 10 at low rates, even without separate RD
optimization in each layer as employed by Gallant and Kossentini.2 We can hence conclude that the proposed scheme is
an excellent candidate in error-prone environments and for systems where SNR scalability is highly desirable. The concept
can further be extended to several layers; however, the maximum number of layers may be limited by memory requirements
or restrictions with regard to computational complexity and latency.
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Figure 3. RD comparison. AQP = 0 is the curve of the single-layer scheme. AQP > 0 denotes the two-layer technique as explained with
AQP = QPgL — QPHgq.
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