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Low power and high performance are the two most important |. INTRODUCTION

criteria for many signal-processing system designs, particularly ; o . . .
in real-time multimedia applications. There have been many ap- Multimedia—a versatile presentation of speech, audio,

proaches to achieve these two design goals at many differentVide0, graphics, and text—has become the major theme
implementation levels ranging from very-large-scale-integration in today’s information technology that merges traditional
fabrication technology to system design. However, the major draw- giants of communication, computing, and information pro-
back is that present approaches are either too costly or not cessing into an interdisciplinary field. Nowadays, people

efficient enough. In this paper, we review the works that have _ . . i . -
been done at various levels and focus on the algorithm-based enjoy multimedia in almost every aspect of their daily

approaches for low-power and high-performance design of signal- life such as communication, data search, presentation, ad-
processing systems. We present the concept of multirate computingzertisement, games, etc. As a consequence, it has been
that originates from filterbank design, then show how to employ it emerging as a new technology that has changed and is still
along with the other algorithmic methods to develop low-power changing our lifestyle. One major feature of multimedia

and high-performance signal-processing systems. The proposed I . . . .
multirate design methodology is systematic and applicable to many data processing is that it calls for computationally intensive

problems. We demonstrate in this paper that multirate computing data processing at millions to billions of operations per
is a powerful tool at the algorithmic level that enables designers second. Hence, how to handle the demanding computational
to achieve either significant power reduction or high throughput tasks in real time and how to implement them in a cost-
depending on their choice. Design examples on basic multimediae]cfective way have become a big challenge.

processing blocks such as filtering, source coding, and chan- .
nel coding are given. A digital-signal-processing engine that is On the other hand, with the advent of personal com-

an adaptive reconfigurable architecture is also derived from the Munications services (PCS’s) and personal data assistant
common features of our approach. Such an architecture forms a (PDA’s), the future trend is to run multimedia appli-
new generation of high-performance embedded signal processorcations on those portable devices. The need for high-

based on the adaptive computing model. The goal of this paper ; ; ; ;
is to demonstrate the flexibility and effectiveness of algorithm- speed data/signal processing will lead to much higher

based approaches and to show that the multirate approach is POWer consumption than traditional portable applications.
an effective and systematic design methodology to achieve low-Due to the limited power-supply capability of current
power and high-throughput signal processing at the algorithmic battery technology, we are facing a dilemma that has
and architectural level. two design problems to conquer, and they are considered

Keywords— Adaptive filters, discrete cosine transforms, to be problems of opposite natures. One is to explore
FIR digital filters, IIR digital filters, low-power VLSI design,  hjgh-performance design and implementation that can meet
motion estimation, multirate processing, parallel architectures, . . . - .
Reed—Solomon codes, video coding, Viterbi decoding. the stringent speed constraint for real-time multimedia

applications. The other is to consider low-power design so
M ot ved July 14. 1997 revised D ber 17 1997, Th as to prolong the operating time of the PCS/PDA devices.
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chitectural level approaches. We will introduce a new

In addition to the reduction of the feature size, lowering

algorithm-based low-power and high-performance design the threshold voltagd’, is another commonly used ap-

technique—the multirate approach-and combine it along

proach to achieve low-power consumption at the technology

with other digital signal processing (DSP) techniques such level [3], [7]. From (2), we can see that the delay of the

as look-ahead and folding to design several major multime-

dia DSP processing blocks, including digital finite/infinite

impulse response (FIR/IIR) filtering, source/channel coding
processing kernels for low-power/high-speed multimedia
systems. The resulting very-large-scale-integration (VLSI)
architectures can perform the DSP functionsMattimes

circuit is inversely proportional t§Vyq — V;)?. Thus, it is
desirable to reduce the magnitudeigfeither to minimize
the degradation of speed caused by lowdrggor to allow
further reduction inVyq.

On the other hand, it is predicted that 1.5 V (or lower)
operation will be needed by the year 2001 for portable

slower operating frequency while retaining the same data products [5]. Since the supply voltage of the conventionally
throughput rate. This feature can help achieve significant scaled CMOS technology will reach its limit at a supply

power saving under low supply voltage without loss of

voltage of 1.5 V, an alternate process technology such as

speed performance. Also, the proposed VLSI architecturessilicon-on-insulator (SOI) is suggested to replace CMOS
can be readily applied to high-speed signal processing with technology [5], [8]. The SOI technology allows power

a speedup factor olM.
In what follows, we first briefly review existing design

supply reduction to 1 V or less and also greatly simplifies
the fabrication process. Those merits have made SOI the

approaches as well as DSP techniques that achieve low-best candidate for future low-power fabrication technology.

power/high-performance data processing. Then we will
introduce the concept of multirate computing and other
low-power design methodologies.

A. Low-Power VLSI Design Approaches

The power dissipation in a well-designed digital comple-
mentary metal-oxide—semiconductor (CMOS) circuit can
be modeled as [1]

Prxoa-Cuq- V3 fo (1)

Nevertheless, the cost of the technology/device approach
is the most expensive among all low-power techniques
since it requires the investment of new semiconductor
equipment and technology. Furthermore, it takes time for
a fabrication technology to be mature enough for mass
industrial applications.

2) Circuit Approach: High-speed/low-power VLSI op-
erators (adders and multiplies) are usually developed at
the circuit/gate levels (e.g., look-ahead adders, Wallace-
tree multiplier, etc. [9]). By employing some special DSP
treatments of the basic VLSI operators, the hardware cost

whereq is the average fraction of the total node capacitance and the speed performance can be further improved. One

being switched (also referred to as the activity factGt);

is the effective loading capacity;, is the supply voltage,
and f.ix is the operating frequency. On the other hand, the
delay of the CMOS device can be approximated as

NCL'Vdd_ CL'Vdd

TrH ~ =
P I e(Vaa — V2)2

()

where Cp, is the capacitance along the critical path,
is the device parameter, arid is the threshold voltage

example isdistributed arithmetic[10], which is widely
used in discrete cosine transform (DCT) chip designs
[11]-[13]. Other approaches include r@sidue number
systenthat performs multiplication in the modulo domain
[14]-[16], power-of-two coefficientsthat employ only
adders to perform multiplication [17]-[19], and delta-
sigma modulatorthat makes one bit quantization feasible
in the analog—digital, digital-analog circuit designs [20].
Each approach provides different tradeoffs in terms of the

of the devices. Equations (1) and (2) play the essential power/speed/area of the design.

roles in low-power VLSI designs. Namely, in order to
lower the total power consumption of the CMOS circuits,
we want to reduce the values of Vyy, C.g, and foy

by applying all possible techniques at all levels of the
VLSI system without sacrificind’», when those parameters

At the CMOS circuit level, various circuit design
techniques are also available; e.g., dynamic versus static
CMOS logic, conventional static versus pass-transistor
logic, and synchronous versus asynchronous design [2]. As
far as power consumption is concerned, the static CMOS

change [2]-[6]. The existing low-power design approaches logic and asynchronous design are preferable because their

are summarized below.
1) Device/VLSI Technology LeveDver the last decade,

switching activities are less. The pass-transistor logic family
is also a promising candidate since it uses lesser number

the CMOS feature size has been reduced from more than 3of transistors when compared with conventional static

#m to about 0.25%:m now. The advance in integrated circuit
(IC) fabrication technology also leads to low-power design.
Smaller transistor size not only improves the device/circuit

CMOS circuits for implementing the same logic function
[1, ch. 5]. Recently, the low-power digital circuits based
on adiabatic-switching technique were introduced [21].

speed performance but also reduces the total silicon areaBy employing the adiabatic-switching circuits, the signal
and capacitances and hence the total power consumptionenergies stored on circuit capacitances can be recycled
Besides, the increased level of integration allows designersinstead of dissipated as heat, which provides a promising
to use the vacated area for extra circuits to compensate forpower-saving technology at the circuit level.

the degraded device speed due to lowered supply voltage 3) Logic-Level Approach:ln CMOS circuits with negli-

(as we will discuss later).
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is a transition at the output of the gate (zero to one or low-power consumption under current technology, without
one to zero in logic value). In the logic-level, low-power invoking dedicated circuit design, new expensive devices,
design, the major focus is to reduce the frequency of energyand advanced VLSI fabrication technology. Compared with
consumed in transitions for given logic functions, i.e., the other approaches, the algorithmic/architectural low-power
activity factora in (1). A variety of existing approaches can design is one of the most economical ways to save power.
be found in [22]-[25]. They basically examine the given Second, the power saving of the algorithmic/architectural
logic functions and perform logic optimization/synthesis in approach is in the range of 70-98%as we will show it
such a way that the total number of logic transitions can in this paper). Therefore, the algorithmic/architectural-level
be minimized for most input signals. By doing s, and approach provides the most leveraged way to achieve low-
hence the total power consumption of the circuits, can be power consumption when both effectiveness and cost are
reduced. In general, the power saving of the logic approachtaken into consideration.
is in the range of 20-75%.

4) Architectural/Algorithmic Approach:From (1), we can B. Algorithm/Architecture-Based
see that the reduction o¥F,4 is the leveraged way to  Low-Power/High-Performance Approaches
reduce the total power consumption due to its quadratic |4 the literature, there have been many existing re-
dependence. However, the delay will drastically increase asgggrch efforts to perform low-power/high-performance data
Vaa approache$; [see (2)]. Thatis, we suffer fromspeed  processing at the architectural/algorithmic level for DSP
penaltyas Vyq is decreased. To meet the low-power/high- g jications. Basically, they can be categorized as follows.
throughput constraint in most DSP applications, the key 1) approximation Approach:Sometimes, the direct im-
issue in algorithmic/architectural-level low-power design plementation of a given DSP algorithm is very costly and
is to “compensate” for the increased delay caused by theinefficient. To reduce the implementation cost, we may
lowered supply voltage. Current approaches to compensatéelax some constraint (or make some approximation) in
for the increased delay include the techniques of “parallel {he DSP algorithms. As long as the relaxed/approximation
processing” and “pipelining” [2], [6]. In this paper, we approaches yield acceptable performance in the statistical
will present a new compensation technique based on thesense, they can generally lead to much simplified architec-
multirate approach, which will be discussed in detalil later. tyres, which then add to the saving of total implementation

5) System-Level ApproactiThe system-level, low-power  cost. For example, in motion estimation (ME) schemes,
VLSI design evolves from the power-saving techniques the three-step ME [28] is usually employed to reduce the
that are frequently used in laptop/notebook computers ascomputational complexity while maintaining a performance
well as the energy-saving “green products.” When one comparable with the full-search ME schemes [29]. it
of the subsystems is idle for a period of time, it may recursive least squares (RL§0] algorithm is an approx-
switch to one of the modesdeze, nap, sleepto save  jmate RLS that can perform RLS for nonstructured data
system power. Recent state-of-the-art central processingand has onlyO(IV) complexity. Examples of approximate
unit (CPU) designs have employed the same design concepkignal processing based on incremental refinement can be
to manage both dynamic and static power of the CPU foynd in [31].
[26]. The embedded activity-management circuit of the 2y Model-Based Approachesvodel-based signal pro-
CPU provides the capability to shut down portions of cessing explores the inherent properties of signals, then
subsystems that are not required in current or impending yses only some parameters to represent the desired signal.
operations. Therefore, significant power saving can be Examples are linear prediction coding (LPC) [32] in
achieved. There are two design issues involved in the gigjtal speech processing and autoregressive (AR), moving
system-level low-power designs. One is the partitioning of gverage (MA), and ARMA models in stochastic data
the SyStem into submodules that have h|gh interconnectionprocessing_ A|50, in image/video processing, the model-
density within themselves. By doing so, the influence pased approach has been used in very-low-bit-rate coding
of shutting down one submodule on other submodules [33]. The advantage of such an approach is that it
can be minimized. For application-specific (AS)IC designs helps to capture the signal characteristics through those
that use multichip modules (MCM's) implementation, the parameters (e.g., LPC coefficients are related to the vocal
partitioning can be done by employing the systematic track model). On the other hand, it can be applied to
approach discussed in [27]. The other is the design of efficient data transmission since only the parameters need
additional hardware/software for monitoring the working to be transmitted. A good review of model-based signal
status of each submodule of the chip, which will introduce processing can be found in [34].
extra cost and weight to the system. 3) Pipelining: Pipelining is the most frequently used

Among these low-power techniques, the algorith- technique to achieve high-speed data processing in VLSI
mic/architectural approach is the most promising one signal processing. The main idea behind pipelining a design
[6]. First, the algorithmic/architectural low-power design s to insert latches between consecutive pipeline stages
is achieved by reformulating the algorithms and map- so that the delay through the critical path can be shortened
ping them to efficient low-power VLSI architectures to . N

The current goal is to reduce the total power dissipation of the

compensate .fOI’ the speed penalty causeq. by low Supplyelectronics systems to two orders of magnitude less than what would have
voltage. Basically, we only trade more silicon area for been with the conventional technology [5].
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by a factor ofm. As a result, the speed of the systemwis
times faster than that of the original system at the penalty
of increasing the latency. On the other hand, the pipelining
can be used to compensate for the delay incurred in the
low-power design when the supply voltage drops signifi-
cantly. Some derivations of the pipelining techniques are
asynchronous circuit pipelining [35], two-level (word/bit-
level) pipelining [36], and bit-level pipelining approaches
[37].

4) Parallel Processing: Parallel data processing is the
technique that decomposes the desired DSP function into
independent and parallel small tasks. Then the small tasks
are executed concurrently, and individual results are com-
bined together to obtain the desired computation result. It
is a form of “divide-and-conquer” strategy in dealing with (b)

DSP problems. One famous example is the fast Fourierrig. 1. (a) First-order recursive digital filter. (b) Two-stage
transform (FFT) [38]. It first decomposes &tpoint FFT look-ahead equivalent.
into two N/2-point FFT’s, and the whole computation is

expanded recursively to form a parallel computing network. 1) Look-Ahead: VLSI implementations of recursive al-

A systolic array, on the other hand, is a parallel structure gorithms are constrained by the speed of the feedback

by nature. The goal of parallel processing Is to u_tilize loop. The look-ahead transformation [39]-[41] modifies
each processing element (PE) fully to achieve maximum the algorithm so that the recursive bottleneck is eased.

data throughput rate..This feature is very suitable_ for high- The speed-up provided by the application of look-ahead
spegd data processing and .VLS.I implementations. Th.ecomes at the cost of increased hardware complexity. We
multirate approach proposed in this paper belongs to thISwiII illustrate the idea of look-ahead using a simple first-

category. We W.'” Sh.OW a systematic way to converta given o, yo recyrsive filter [41]. The input-output equation can
DSP algorithm into its equivalent multirate realization. The be written as

advantage of the multirate approach will be illustrated in
the next section. 2(t) = ax(t — 1) + u(t) (3)

In summary, these design approaches are frequently used
for building low-complexity, low-cost, high-throughput- Wherez(t) is the desired recursive output(t) represents
rate DSP systems or for low-power implementation. In the current input, and. is a constant. The computations
what follows, we will introduce the concept of look- involved in (3) are shown in Fig. 1(a).
ahead and multirate computing. These approaches provide APPlying a two-step look-ahead converts (3) into
a systematic and efficient way to achieve low-power/high- 9
performance DSP computations at the algorithmic level. o(t) = ezt = 2) + ault — 1) +u(?). )

The look-ahead transformation in (4) can be exploited
) ) in many ways to obtain high-speed designs [39], [40].
C. Look-Ahead and Multirate Computing Concepts Fig. 1(b) shows how the look-ahead transformation enables
As we discussed in the preceding subsection, “pipelining” a block filter implementation. Note that there are two delay
and “parallel processing” are frequently used techniques elements in the feedback loop in Fig. 1(b), whereas the
to achieve high-speed data processing in VLSI design. feedback loop in Fig. 1(a) has only one delay element. Let
These two techniques are also applied to architectural-the critical path propagation delay of the original circuit
level low-power design [2]. In [2], these two techniques be 7. The feed-forward computation in Fig. 1 (i.e., the
were suggested to compensate for the speed penalty, and aomputation ofu(2¢) + au(2¢t — 1) and the computation
simple comparator circuit was used to demonstrate how of x(2¢—1) from x(2¢ —2)) can be easily pipelined [41] so
parallel independent processing of the data can achievethat the critical path of the modified design is determined by
good compensation at the architectural level. In most DSP the feedback loop. Since the feedback loops in the original
applications, however, the problems encountered are muchand look-ahead designs each consist of one multiplier and
more complex. It is almost impossible to directly decom- one adder, the critical path delay of the look-ahead circuit
pose the problems into independent and parallel tasks.T” also equalsT. In the look-ahead desigriywo outputs
Therefore, the properties of the DSP algorithms should are computed in parallel. This means that the throughput of
be fully exploited in order to develop efficient techniques the look-ahead design is twice that of the original design.
to compensate for the loss of speed performance causedilternately, low-power operation is possible with the look-
by low-voltage operations. The main issue here is to ahead implementation. This low-power operation can be
reformulate the algorithms so that the desired outputs can beobtained while maintaining the same throughput as the
obtained without hindering the system performance such asoriginal implementation. The supply voltage of the look-
data throughput rate. ahead implementation is scaled frolaq down to V.
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The voltageV, can be chosen so that the critical path
delay, which is7’ = T at Vyq, increases tdl"”’ = 2T

at V,. This is because the look-ahead design can provide
the same throughput as the original design while working
at half the clock speed. The supply voltagg, can be
computed using the delay model (2) as

CrVi, _ CrVaq
(Vg — V2)? e(Vaa — V)%

SubstitutingVyq = 5V andV, = 0.7 V, we getV, = 3.08

V. Here, the capacitance along the critical p&th remains

the same after the look-ahead transformation. The ratio of
the power consumption of the look-ahead implementation
Py, to the power of the original implementatidn, can be
written as

(%)

&:% V_tid 22 (6)
Po C(o Vdd fo

whereC, andC), represent the effective capacitances of the
original and look-ahead designs, respectively, @#nd the
original operating frequency. If we neglect the complexity
of latches, we can approximate the complexity of the look-
ahead system to be thrice that of the original system (i.e.,
Cl. =~ 3C,). We then obtainP, = 0.57F, or a power
saving of 43%.

We have discussed the specific case of two-step look-
ahead for a simple first-order recursive filter. In general,
look-ahead by a factor ot/ may be applied to a recursive
system to obtain amM/-fold speed-up or a low-power
design. Consider the following system:

x(t+1) = A(t)x(t) + B(t)u(t) (7)

wherex(¢ + 1) represents the present state vectdr,) is

the input, andA () andB(t) are inputs that may or may not
depend on external inputs. To achieve low-power design,
we can apply aM-step look-ahead [42]. This is equivalent
to expressingk(t + M) in terms ofx(t), which leads to

x(t+ M) = I:IA(t+i) x(t)
+§_: ﬁA(t—i—M—j)
-B(;—i—M——i—l)-u(t—l—M—i—l).

(8)

The corresponding power reduction can be found using
arguments similar to those used above.

2) Multirate: In this paper, we propose a new tech-
nigue—the multirate approach-to compensate the afore-
mentioned speed penalty for low-power design. At the
same time, it can be used for high-speed design as well.
Traditionally, multirate signal processing has focused on
perfect reconstruction systems that are widely used in

x(n)

Y [Am]

z1 71

A 4 W @ A 4

[ P(Z) .

Ez‘l X N A
M| lfMIZ T %o

Fig. 2. An M-channel alias-free filterbank.

reconstruction systems is to design the multirate filterbank

so that the equivalent transfer function, when the analysis

and synthesis are combined together, is a simple delay. Such
a perfect reconstruction property can make a distortion-free

data transmission in communication systems.

Our interest, on the other hand, is to apply the multirate
network to realize a specific system-transfer function. That
is, if the system distortion is equivalent to the desired
system-transfer function, it becomes a computing system
that produces the desired transfer function under the multi-
rate environment. Hence, we can consider an alias-flee
channel maximally decimated filterbank as a linear time-
invariant (LTI) system [43, ch. 5]. If the filterbank needs
to operate at a throughput @, then the operators (that
perform the computations indicated B 2) in Fig. 2) need
to operate only at the rate dt/M. This means that by
using slower operators that work at the rate/ofAf, we
can achieve low-power design while still maintaining the
overall throughput rater.

In this paper, we will show how this multirate filter-
bank idea can be generalized to a wide class of algo-
rithms. Specifically, we will discuss how the algorithms
can be modified/reformulated so that the actual operators
can perform computation at a slower rate. Fig. 3 shows the
generalized multirate approach f8f = 2. The additional
concurrency that is required in the reformulated algorithm
can be obtained by applying appropriate transformations
that take advantage of the properties of the particular
algorithm. For example, let us consider the discrete cosine
transform (DCT) architecture in Fig. 4. For most of the
existing serial-input parallel-output (SIPO) DCT architec-
tures [44], [45], the processing rate of the operators must be
as fast as the input data rate [see Fig. 4(a)]. In employing
multirate low-power design, the DCT is computed from
the reformulated circuit using the decimated sequences
[Fig. 4(b)]. It is now a multirate system that operates at
two different sample rates. Since the operating speed of
the processing elements is reduced to half of the original
data rate while the data throughput rate is still maintained,
the speed penalty is compensated at the architectural level.
Suppose that the’.; is approximately doubled due to
the hardware overhead in the reformulated circuit. Since
all the operations are at half of the original speed, the

subband coding-based compression of audio/video signaldowest possible voltage can be reduced fréfgy, = 5

and in transmultiplexers that convert between time and
frequency division multiplexing [43]. The goal in perfect

LIU et al: ALGORITHM-BASED MULTIMEDIA SIGNAL PROCESSING

V to Vi, = 3.08 V [from (5)]. Using the CMOS power
dissipation model of (1), the overall power consumption of
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Fig. 3. The idea of multirate algorithm modification. (a) Original

design. (b) Multirate design. 100 Mz 50 Mz

the multirate design can be estimated as Operating Frequency

(b)

Fig. 4. (a) Original SIPO DCT circuit. (b) Low-power DCT
circuit using the multirate approach.

(2CuaVia?  57) ~ 0388 ©
where F, denotes the power consumption of the original
system. . . s .

We also show that the look-ahead idea can be used inMultimedia systems, and adaptive filtering. We will also
conjunction with the multirate concept. Look-ahead can be Perform a finite-precision analysis and develop a DSP
applied to reformulate certain recursive algorithms within COMPuting engine. The topics that we will discuss are
the multirate system (Fig. 3). summarized below: _ _

3) Dual Low-Power/High-Speed Featuretn addition to 1) DSP and Filtering: We present a systematic design
low-power implementation, the other attractive application Methodology for the multirate realization of a given ar-
of the look-ahead and the proposed multirate architecturesbitrary LTI DSP system. The users can simply follow the
is in very-high-speed signal processing. In most VLSI design steps to convert a speed-demanding system function
designs, the input data rate is limited by the speed of into its equivalent multirate transfer function. Since the data
the adders and multipliers in the circuit. In the video- rate in the resulting multirate filtering architecture ig
rate multimedia applications, the speed constraint resultstimes slower than the original data rate while maintaining
in the use of expensive high-speed operators or full-customthe same throughput rate, we can apply this feature either
designs. Thus, the manufacturing cost as well as the desigrio low-power implementation or to the speed-up of the
cycle will increase drastically. Since the look-ahead and DSP systems. The proposed design methodology provides
multirate architectures are running at ah times slower VLSI designers with a systematic tool to design low-
operating frequency than the input data rate, they canpower DSP systems at the algorithmic/architectural level.
process data at a rate that M times faster than the Furthermore, it can be incorporated into the design of
maximum speed of the processing elements. For example high-level synthesis computer-aided-design (CAD) tools for
if we want to perform DCT for serial data at 100 MHz, we power minimization.
may use the parallel architecture in Fig. 4, in which only  2) Video and Data CompressioriThe DCT and ME are
50-MHz adders and multipliers are required. Therefore, we two major building blocks in most current video standards
can perform very-high-speed DCT by using only low-cost such as Motion Pictures Experts Group (MPEG)-1, MPEG-
and low-speed processing elements. Hence, by employing2, H.261, and H.263. We will therefore use DCT and ME
the look-ahead and multirate parallel architectures discussedas examples to illustrate the concept of algorithm-based

in this paper, the above-mentioned speed constraint canjow-power and high-speed design for source coding.
be resolved at the architectural level with the same design a) Transform-coding kernel designitVe  demonstrate

environment and fabrication technology. how the multirate approach can be applied to low-power
but high-speed transform-coding architectures. We start
D. Paper Outline with the derivations of the multirate DCT architectures.

In this paper, we will demonstrate the effectiveness of the The resulting multirate low-power architectures are
algorithm-based approach based on the look-ahead, pipelinfegular, modular, and free of global communications.
ing, parallel processing, and multirate approaches. We will Also, the compensation capability is achieved at the
use several major multimedia DSP processing blocks asexpense of locally increased hardware and data paths.
examples, including digital DSP and FIR/IIR filtering, As a consequence, they are very suitable for VLSI
source/channel coding kernels for low-power/high-speed implementation. The multirate DCT design is later extended
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to a unified low-power transform coding architecture
that can perform most of the existing discrete sinusoidal
transforms based on the same processing elements.

b) Motion estimation: Based on the concept of pseu-
dophase and the sinusoidal orthogonal principles [46],
[47], we design a novel low-power, low-complexity,
and high-throughput coordinate rotation digital computer
(CORDIC) [48] architecture for half-pel motion estimation.

effect of the multirate DCT architectures. Our study can

precisely predict the finite-precision behavior under dif-

ferent block sizes and decimation factors. By using the
analytical results, we can assign the optimal word length
for each DCT channel given the SNR constraint. Moreover,
our analyses show that the average SNR’s of the low-power
DCT architectures are better than that of the normal design
given the same word-length assignment. This indicates that

Techniques such as look-ahead, multirate, pipelining, and multirate designs have better numerical properties than the

folding have been combined and used in the design.
The proposed multiplier-free and fully pipelined parallel
architecture works solely in the DCT domain without
interpolation of input images to meet the needs of
portable, high-quality, high-bit-rate picture transmission.

normal design under fixed-point arithmetic.

6) A Reconfigurable Multirate DSP Computing Enginéle
map an important set of DSP algorithms onto a com-
puting engine that is of CORDIC nature. The proposed
system is a massively parallel architecture that is capable

Its low computational complexity-2(N?) as compared
with O(N*) for commonly used half-pel block matching
architecture (HBKM-ME)—makes it attractive in real-time
multimedia applications.

of performing most low-level computationally intensive
tasks including FIR/IIR filtering, subband filtering, discrete
orthogonal transforms (DT’'s), and adaptive filtering in
multimedia applications. We also show that the system
3) Channel Coding: can be easily reconfigured to perform multirate FIR/IIR/DT
a) Reed-Solomon (RS) decodaiith the widespread  operations with negligible hardware overhead. Hence, we
use of RS codes in portable applications, low-power RS can double the processing speed on the fly based on
decoder design has become an important issue. We discusthe same processing elements. Since the properties of
how the Berlekamp algorithm can be modified in order to each programmed DSP function such as parallelism and
obtain a low-power architecture. In addition, modifications pipelinability have been fully exploited in this design,
are also proposed for the syndrome and error computationsthe computational speed of this computing engine can
The power reduction that can be achieved by the modified be as fast as that of application-specific integrated circuit
design is estimated based on the VLSI synthesis results. (ASIC) designs that are optimized for individual specific
b) Viterbi decoder: The speed of a high-speed Viterbi applications. The programmable/high-speed properties of
decoder is constrained by the recursive add-compare-selecthis unified VLSI architecture make it very suitable for
(ACS) computation loop. In the literature [49]-[51], the cost-effective video-rate multimedia applications.
look-ahead transformation has been applied to break the The rest of this paper is organized as follows. In Section
ACS loop and obtain high-speed operation. We illustrate Il, the design methodology for deriving multirate DSP
how this transformation can be applied to the ACS unit and FIR/IIR filtering architectures is presented. The design
to achieve low-power operation. We also review various and implementation issues of the low-power quadrature
techniques that have been used in the design of high-speednirror filter (QMF) chips as well as the simulation/testing
Viterbi decoders in the literature. results are also discussed. In Section lll, source-coding
4) Adaptive Filtering: The throughput of an adaptive fil- algorithms/architectures are discussed. In Section IlI-A,
ter is restricted by feedback loops. For example, linear we present multirate transform-coding architectures starting
transversal least-mean-square (LMS) filters have the weightwith the derivation of multirate DCT VLSI architectures.
update loop and the error feedback loop. Various trans- In Section I1l-B, we extend the multirate DCT design to a
formations such as look-ahead [42], [52], [53] have been unified transform-coding architecture. It can perform most
applied to these feedback loops to obtain high-speed latticeof the existing orthogonal transforms based on the same
and transversal adaptive filters. We review these techniquesprocessing elements. In Section 1lI-C, a fully pipelined
within the context of our high-speed/low-power approaches. parallel CORDIC architecture for half-pel motion estima-
5) Finite-Precision Analysis of Multirate Implementation: tion is presented. It provides a low-power, low-complexity
When the VLSI implementations of the multirate archi- solution for MPEG-2, H.263 compatible video codec de-
tectures are taken into consideration, the choice of word sign on a dedicated single chip. In Section IV, channel-
length becomes an important design issue. In general,coding algorithms/architectures are discussed. In Section
shorter word lengths will result in fewer switching events, IV-A, a low-power/high-performance Reed-Solomon de-
lower capacitance, and shorter average routing length in thecoder based on the modified Berlekamp’s algorithm is
system. Hence, it helps to improve the power saving and presented. In Section IV-B, we review high-speed Viterbi
speed performance of VLSI designs. On the other hand, if decoder design techniques and show how the look-ahead
the word lengths are too short, the rounding error causedtechnique can be used in the low-power design of the
by fixed-point operations can be severe enough to hazardACS unit. In Section V, we review the current research
the signal-to-noise ratio (SNR). Thus, choosing minimum results in low-power/high-speed adaptive filter design. In
word lengths without degrading the SNR requirement is an Section VI, we perform the finite-word-length analysis
important issue in the low-power/high-speed VLSI design. for the multirate DCT architectures. The rounding errors
Motivated by this, we investigate the finite-word-length and dynamic range of the VLSI architectures under fixed-
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Fig. 5. (a) An LTI FIR/IIR system. (b) Its equivalent multirate implementation, whgyes the
data sampling rate.

point arithmetic are analyzed. In Section VII, we present present the design methodology as well as the verification
the system architecture of a reconfigurable adaptive DSPof the multirate chip design.

computing engine that is capable of performing various

tasks in multimedia applications. The speed-up of the A. Basic Multirate Operations

system based on the multirate approach is also considered. Giyen an FIR transfer function

We then conclude our work in Section VIII. N1

H(z)= Z h(n)z"" (10)
n=0

II. DSP AND DIGITAL FILTERING
In this section, we present a systematic approach for the@nd an arbitrary integei/, we can rewriteH (z) as

low-power design of general LTI DSP systems based on the M-1
multirate approach. In general, the direct implementation H(z)= Y = 'E(z") (12)
of the system transfer functio#/(z) [see Fig. 5(a)] has i=0

the constraint that the speed of the processing elementsWhere
must be as fast as the input data rate. As a result, it

cannot compensate for the speed penalty under low supply L/ o

voltage [2]. On the other hand, the multirate system in Ei(z) = Z h(Mn +d)z" (12)
Fig. 5(b) requires only low-speed processing elements at =0

one-third of the original clock rate to maintain the same fori=20,1,---, M — 1. Equation (11) is referred to as the

throughput. Hence, we can apply this feature to either low- Type | polyphase representatiovith respect toM. E;(z),
power implementation of the DSP system or speed-up of i =0,1,---, M —1, are thepolyphase componenté H(z).
the system. Fig. 6(a) shows the implementation &f(~) based on the
Motivated by this, we derive a design methodology for polyphase representation.
the design of low-power digital filtering systems. The  Two multirate operations will be used in our derivation.
users can simply follow the design steps to convert a One isnoble identitiedsee Fig. 6(b)]. It describes that
speed-demanding DSP transfer function into its equivalent unit delays at the original clock rate is equivalent to one
multirate realization. We also verify the effectiveness of delay at anM times slower clock rate, and vice versa. The
the proposed multirate low-power design by the implemen- other multirate operation is the equivalent implementation
tation of two FIR VLSI chips with different architectures. of an (M — 1)-delay element, as shown in Fig. 6(c).
One is the normal pipelined design and the other is the The multirate structure at the right is also known as the
multirate design with downsampling rate equal to two. We delay chain perfect reconstruction systpt8, ch. 5]. These
implemented both chips using the same CAD synthesis two basic multirate operations provide very efficient tools
tool and the same VLSI technology. The only difference in the theory and implementation of multirate systems
lies in the architectural design. Therefore, the effectiveness[43]. Take thedecimation circuitdepicted in Fig. 7(a), for
of the algorithm-based low-power design can be observed.example. The decimation filteF (=) is in general a low-
The simulation results show that by trading 50% more pass filter preventing the aliasing effect after the decimation
silicon area, we can save up to 71% of the total power operation. The direct implementation of Fig. 7(a) requires
consumption without sacrificing the data-throughput rate. N multipliers andV adders, and the operating frequency of
This observation is later verified by the testing of these two the processing operators needs to be as fast as the input data
FIR chips. rate. Instead, we can have a more efficient implementation
In what follows, we first review some basic multirate of Fig. 7(a) by applying the above-mentioned multirate
operations that are useful for our derivations. We then operations: First, we replace the transfer functi(z) in
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Fig. 6. Basic multirate operations. (a) Polyphase decomposition.
(b) Noble identities. (c) Equivalent multirate implementation of an
(M — 1) delay element.

Fig. 7(a) with that in Fig. 6(a), which results in Fig. 7(b).

Then, we move the decimation operation toward the middle
of the parallel paths [see Fig. 7(c)]. After applying the

noble identity, we have theolyphase implementatioof

the decimation circuit as shown in Fig. 7(d). The total

hardware cost is stillv multipliers andN adders, whereas

the operating frequency has been reduced to only one-third

of the original clock rate.

Similarly, we can find the polyphase implementations of

the decimation circuits with transfer functien! H(z) and

2~2H(z). Fig. 8(a) and (b) shows the polyphase decimation

circuits with transfer functionz='H(z) and »=2H(z),

Step ¢) MoveH (z) to the right until reaching the dec-
imation operators.

Step d) Merge the delay elements with the transfer func-
tions. Group the resulting new transfer functions
(H(2), 2~*H(z), and 2=2H(z)) with their as-
sociated decimation operators.

Step e) Replace each decimation circuit in the circle
shown in Fig. 9(d) with itpolyphase implemen-
tation in Figs. 7 and 8. Then we have Fig. 9(e).

Step f) Note that the data inputs at points designated by
a are the same, and so are those at polmts
and c. After merging the common data paths in
Fig. 9(e), we obtain Fig. 9(f), in which

N Eo(z) El(z) EQ(Z)
E(z) £ |271Ex(2)  Eo(z) FEi(z)
27YE1(2) 271Eo(2) Eo(2)

(13)

The general form ofE(z) with an arbitrary decimation
factor M can be shown to be

7150(2)( | glgzg gM—lgzg

E(z) = ? J\:4_1 : 0: : Ai_:2 ’
Tl E(z) 2T Ex(2) Eo(z) i
14

which is also known as thpseudocirculant matrixn the
context of alias-free QMF filter banks [43].

The design procedure described in Fig. 9 provides a
systematic way to design a low-power DSP system. In
the implementation of the FIR system, eaéf)(») in
Fig. 9(f) represents a subfilter of orde¥f/M. It can be
shown that the total hardware complexity to realize the
multirate FIR system id4 N multipliers and(M N + M?)
adders. Basically, we pay a linear increase of hardware

respectively, by following the steps in Fig. 7. The resulting o head in exchange for the advantage of Jrtimes

architecture is similar to that of Fig. 7(d) except that

the polyphase componenfs;(z) have rotated, and some
extra delay elements are addedHg z). In the following

derivation, the polyphase implementations in Figs. 7 and 8

will be used.

B. Design Methodology for Multirate FIR/IIR Systems

slower processing speed.

In the multirate IR system design, we first find out the
polyphase components(z), i = 0,1,---,M — 1, of the
given IIR function H'(z). After replacing each®;(z) in
Fig. 9 with its corresponding’! (=), fori =0,1,---, M —1,
we can apply the aforementioned design methodology to
convertd’(z) into its equivalent multirate transfer function.

In this section, we present the design methodology to Note that the complexity of eac’(z) can be as high

derive the multirate LTI system of Fig. 5. Without loss of as that of the original transfer functiofl’(z).

generality, we assume thaf = 3 in our derivation. The

Hence,
we may pay up toO(M?) hardware overhead for the

design procedure can be easily extended for any arbitraryimplementation of the multirate IIR filter. For detailed

M.

1) The Design ProcedureGiven an LTI system with
transfer functionH (z) with order N and decimation factor
M, the design procedure is as follows (see Fig. 9).

Step a) InsertM — 1 unit delays after the transfer func-
tion H(z).

derivation of the multirate IR system design, the readers
may refer to [54].

2) Diagonalization of the Pseudocirculant Ma-
trix: Although the multirate implementation of Fig. 9(f)
can be readily applied to low-power design, the global
communication of this structure is not desirable in the
VLSI implementation. Therefore, we want to diagonalize

Step b) Replace the delay element with its equivalent the pseudocirculant matrix of (14) so as to eliminate global

“delay chain perfect reconstruction system.”

LIU et al: ALGORITHM-BASED MULTIMEDIA SIGNAL PROCESSING
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Fig. 7. Derivation of the polyphase decimation circuit, whetedenotes the data sample rate.
(a) The original decimation circuit. (b) Representing the decimation filter using Fig. 6(a).
(c) Applying the noble identity. (d) The resulting polyphase implementation.

x(n) —P—y(n)

XM —z B — B}y =

y(n)

x(n) —7 *H(z)

(b)

Fig. 8. Polyphase decimation circuit with transfer function ¢a)! H (=) and (b)z ~2H(z), where
fs is the data sample rate.

There are two ways to diagonaliZé(z) of (14). One tions. In addition, it still has global communications in the
is to use the DFT approach [55]. The DFT approach DFT/inverse (I)DFT networks. The second diagonalization
requires complex-number operations for the filtering opera- approach is based on polynomial convolution techniques
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Fig. 9. Design procedure for the multirate LTI system.

[56]. As an example, for the case &f = 2, (14) can be the multirate FIR structure in Fig. 10 for our low-power

rewritten as FIR chip design.
3) Power Estimation for the Multirate FIR Architecture:
Eo(z) FEi(»)] |1 1 0 Before we proceed to the chip design, we consider the
27LE(2) Eo(z)} o {O 1 1} power dissipation of the multirate design. From (2), it can
T be shown that the lowest possible supply voltagg for
a device running at ad/-times slower clock rate can be
Eol(z) 0 0 Lol approximated b
0  Eolz)+Ei(z) 0 o 1. pproxi y
0 0 Ei(z)| |»7t -1 Via Vad
— Via— VP~ W 12 ()

(15) whereV; is the threshold voltage of the device.

Assume thatVygy = 5 V and V;, = 0.7 V in the
The corresponding structure is depicted in Fig. 10. This original system. From (2), it can be shown tHg}, can
diagonalization approach involves only real-number oper- be as low as 3.08 V for the case éf = 2. For the
ations to process the decimated sequences. However, asdirect-form FIR realization, it require®/ multipliers and
M increases, the derivation becomes complicated and the/N adders. For the low-power multirate FIR architecture
resulting architecture is highly irregular (as opposed to the depicted in Fig. 10 (wherd/ = 2), 3N /2 multipliers and
DFT approach) [56]. In the verification part, we will use 3N/2 adders are required. Provided that the capacitance

LIU et al: ALGORITHM-BASED MULTIMEDIA SIGNAL PROCESSING 1165



_____________________

From host processor

x(n)

Fig. 10. Multirate FIR/IIR architecture with\l = 2.

due to the multipliers is dominant in the circuit and is

Table 1

PSNR Results for Different QMF's

roughly proportional to the number of multipliers, the Filter PSNR Coefh Fixed-
power consumption of the multirate FIR design can be Filter type length (dB) ;Cleﬂt Pg:int
. ype adders
estimated as Filter 32D in [57] 32 4438 Float N/A
3N 1 Filter in [19] 32 38.8 POT 84
<%ceﬂ> (V] d)2 <§ f) ~ 0.29P, (17) Filter of Eq. (18) 22 37.0 POT 36
whereP, denotes the power consumption of the normal FIR h(d) = h(1T) = —27 6 _ 277
design. Although the multirate architecture requires about s
50% hardware overhead, it consumes only 29% power of h(3) = h(18) = -2
the original pipelined design. In essence, we trade hardware h(2) = h(19) =27
complexity for low-power consumption. h(1) = h(20) =0,
Another attractive application of the multirate design is h(0) = h(21) = —2° 7 (18)

in the very-high-speed filtering. If we do not lower down
the supply voltage to save chip power consumption, the
multirate FIR structure of Fig. 10 can process data at a rate
that is twice as fast as the maximum speed of the processin
elements. We will also verify this issue later.

C. Verification of the Multirate Low-Power Design

We now verify the power saving of the multirate low-
power FIR structure. The selected FIR design is a QMF,
which is widely used in the image compression and subband
coding [57].

1) Selection of System Parameterisirst, we consider the

To verify the performance of this modified QMF, we

carried out simulations by passing the LENA image through

%he subband coding structure (see [19, Fig. 5]). Table 1

lists the peak SNR (PSNR) results. Compared with the
original design of [19], our modified design suffers from
little degradation in PSNR but with much less hardware
complexity.

Next, we want to determine the system word length to
be used in our chip design. Since the word length would
directly affect the resulting chip area as well as the total
number of switching events in the logic circuits, it is

design and implementation issues of the QMF. The imple- important to determine the minimum word length without
mentation of the QMF filter requires a large number of degrading the PSNR performance. We conducted computer
multipliers. To save the chip area, we choose the QMF simulations by feeding the LENA image into the subband
design with power-of-two (POT) coefficients [19] for our coding structure under fixed-point arithmetic. The results
chip implementation. For the purpose of further lowering are shown in Fig. 11. Since the PSNR curve saturates
the hardware complexity, we modify the QMF design of around B = 12, we use the word length of 12 bits in
[19] by truncating some boundary tap coefficients and our design.

by dropping some relatively small components in each 2) Chip Design: Having decided the system specifica-
coefficient. Shown below are the QMF coefficients used tions of our design, we use PARTHENON [58] to de-
in our FIR chip design: sign/synthesize both the normal and multirate FIR filters.
The resulting chip layouts are shown in Fig. 12 [54],
[59]. In the multirate design, the upper right module real-
izes the upsampling and downsampling circuits of Fig. 10.

(11)
(9) = h(12)
h(8) = h(13) = —2~* — 277 The other three modules realize the thidg2-tap FIR
h(7) = h(14) = —2°3 filters—FEo(z), E1(2), and Eo(z) + E1(z) of Fig. 10—at
B} the operating frequency of;/2. Their output signals are
h(6) = h(15) =272 + 277 sent back to the up/downsampling module to reconstruct
h(5) = h(16) =277 4+ 278 the filtering outputy(n) running atf,. The chip area of the
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T T T T T at z(t) is defined as

sr ] Xperk(t)
N-1 ko
gkt 1 = C(k) Z cos |:(2n + 1)ﬁ:|x(t +n—-N+1) (19)
o« 25F 1 =0
¢ for k = 0,1,2,---,N — 1, where C(0) = /(1/N)

] and C(k) = /(2/N), k = 1,2,---,N — 1, are the
scaling factors. In [44]-[46], the DCT transform operator
is considered as a linear shift invariant (LSI) system with a
second-order IR transfer function that maps the serial input
data into their transform coefficients. The transfer function

; : ; ‘ : ; s - . can be obtained from (19) as
2 4 6 8 10 12 14 16 18 20 22

X Az
Fig. 11. PSNR results for the modified QMF as a function of Hperi(z) = DC,#’&()
system word lengttB. X(z)
4 ~ C(k (11—t
_ ((_1)k _ Z—]\) ( )COSUJk( z )

multirate design is about 50% more than that of the normal 1 —2cos 2wzt + 272
design, as we expected. Therefore, our estimation of the (20)
effective capacitance in (17) is very accurate. wherew;, = £ and Xpcr(z) and X(z) denote the

To see the effect of supply voltage on the speed of the z-transforms of Xpcr x(¢) and z(¢), respectively. The
FIR design, we conducted SPICE simulation for the critical corresponding IIR structure to compute thth frequency
path of the FIR structure. The simulation results depicted component of the DCT is shown in Fig. 14, where
in Fig. 13 show that the propagation delay is approximately I'c(m) = (—1)*C(k) cosmuwy. It is regular, modular,
doubled as the supply voltage reduces from 5 to 3.08 and fully pipelined. The IR DCT works in a SIPO way.
V. This is consistent with the results presented in [2]. It also avoids the input buffers as well as the index
Since the delay in the critical path generally determines the mapping operation that are required in most parallel-input
maximum clock rate of the chip, we can predict that the parallel-output (PIPO) DCT architectures [61], [62]. One
performance of the filtering operations will be degraded disadvantage of the IIR structure is that the operation speed
by 50% under the 3.08-V supply voltage. Nevertheless, is constrained by the recursive loops. In what follows, we
the data-throughput rate of the multirate FIR will not be will reformulate the transfer function using the multirate
affected by such a speed penalty since the slowed-downapproach so that speed constraint can be alleviated.
processing elements are in tife/2 region (see Fig. 10). Splitting the input data sequence into téensequence
The I/O data rate will remain af,, which is the same as
the normal FIR design operated at 5 V. ge(t,n) =2(t+2n—N+1), =01, N/2-1

3) Testing ResultsThese two chip designs have been (21)
fabricated by MOSIS (a VLSI fabrication service) using
21 double metal CMOS technology without the use of any
Iow—'power cells. The chip_s were tested under the same testxo(t’n) =x(t+2n— N+2), n=0,1,--,N/2—1
environments: the same input data sequence and the same

and theodd sequence

test equipment (HP 82000 IC evaluation system) [59]. (22)
The measurements of the power dissipation and max- (19) becomes

imum speed of both chips are listed in Table 2. As we

can see, at the same 20-MHz data rate, the multirate FIR N/2-1 .

chip can operate at a lower supply voltage of 3.2 V and Xncrx(t) = C(k) Z Cos[(4n + 1)ﬁ}xe(t, n)

consumes only 21% of the power of the normal FIR chip. n=0

These results agree with our arguments for the supply N/2—1 .

voltage and power consumption of the low-power design. +Ck) > COS[(‘M + 3)@}%(@71)-

Under the normal 5-V supply voltage, the multirate FIR n=0

chip can operate at 31.3 MHz, which is 56% faster than (23)

the normal FIR chip. Taking thez-transform on both sides of (23) and rearrang-

ing, we have
I1l. VIDEO CODING AND COMPRESSION

Ck)((=1)* —==/?)

Xpcork(2) =
A. Multirate Low-Power DCT Architectures T4(2) 1 —2cosdwpz™! + 272
7 7 _1
The one-dimensional (1-D) time-recursive DCT of a ([Xe(z) = Xo(2)27"] cos 3w
series of input data starting from(t — N + 1) and ending +[Xo(2) — Xe(2)27 ] coswy) (24)
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Fig. 12. Final layout of (a) normal FIR filter (dimensioa 4400 x 6600 \?) and (b) multirate

FIR filter (dimension= 6500 x 6600\2) [54].
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Fig. 13. Timing analysis for one pipelined stage in the FIR

design.

where X.(z) and X,(z) are thez-transforms ofz.(t,n)
and z,(¢,n), respectively. The parallel architecture to re-
alize (24) is depicted in Fig. 15, wher&®/ denotes the
decimation factor.

To achieve downsampling by the factor of fa/ = 4),

Table 2 Testing Results of the Normal and Multirate FIR Chips

Voltage Current S;\:!I:; Power
) (mA) (MH2z) (mW)
Normal
FIR 5.0 98.5 20.0 4925
5.0 1418 313 709.0
Multirate 4.5 106.4 26.0 478.8
FIR 4.0 76.9 24.4 307.6
3.5 42.4 21.7 148.4
3.2 32.6 20.0 104.3
+ [G1(2) — Ga(2)2™"] cos buwy,
+ [Ga(z) — G1(2)2™"] cos 3wy,
—1
+ [G3(z) — Go(2)2~*] coswy) (25)

whereG; (=) is the z-transform ofg; (¢, n). The correspond-
ing multirate architecture is shown in Fig. 16. Similarly,
the multirate IIR IDCT architectures can be derived (for
details, see [63]).

From Figs. 15 and 16, we can see that basically the
multirate DCT architectures retain all advantages of the
original IIR structure in [45] such as modularity, regular-
ity, and local interconnections. This makes the proposed

we can Sp“t the input data sequence into four decimated architectures very suitable for VLSI implementations. Itis

sequences;(t,n) = z(t+(4n+i)—N+1),i=0,1,2,3.
Then Xpcrx(2) can be written as

_OR)((—1)F — =N
Apera(z) = 1—2cos8uwpz~t + 272
([Go(z) — G3(2)27"] cos Twy,

1168

also interesting to see that the speed-compensation capa-
bility of our architectures is achieved at the expense of
“locally” increased hardware complexity and routing paths.
This feature of local interconnection and local hardware
overhead is especially important when the transformation
size is large (e.g., the MPEG audio codec in which a
32-point DCT/IDCT is used [64]).
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Fig. 14. IR DCT architecture.
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Fig. 15. Low-power DCT architecture with\/ = 2.
1) Power Estimation for the Multirate DCT DesigriNext, operation, it requires 30 multipliers and 32 adders. For the

let us consider the power dissipation of the low-power multirate 16-point DCT withAdZ = 2, 45 multipliers and
DCT architectures. For the 16-point DCT under normal 49 adders are required. Following the arguments in Section
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Fig. 16. Low-power DCT architecture with\l = 4.

Table 3 Comparison of Hardware Cost for the DCT, IDCT, MLT, and ELT with Their
Multirate Designs in Terms of Two-Input Adder/Multipliers

Normal Operation | Downsampling by 2 | Downsampling by 4
Multiplier | Adder | Multiplier | Adder | Multiplier | Adder
IIR DCT 2N -2 2N 3N -3 3IN+1 5N —5 SN +3
IIR IDCT 2N +1 3N 3N +1 4N +1 SN +1 6N + 2
IIR MLT 5N 5N 10N 11N 20N 23N
IIR ELT 6N 6N 11N 12N 21N 24N

[I-B3, it can be shown that the power consumption for the As we can see, the hardware overhead for the low-power

multirate design can be roughly estimated as design is linear complexity increase for the speed compen-
45 sation. Next, we compare our low-power DCT architecture
<%Ceﬂ> (3.08V) <—f> ~ 0.29F, (26) with those proposed in [45] (SIPO approach) and [62]

(PIPO approach). From Table 4, we can see that our
where P, denotes the power consumption of the original Mmultirate SIPO approach is a good compromise between
DCT design. Similarly, for the cas&/ = 4, the 16-point the other two approaches. Basically, the multirate approach
DCT needs a total of 75 multipliers and 83 adders, and the inherits all the advantages of the existing SIPO approach;
lowest possible voltage supply can be 2.08 V [from (16)]. Meanwhile, it can compensate the speed penalty at the

The total power can be reduced to about expense of “locally” increased hardware and routing, which
75 1 is not the case in the PIPO approach. Although some
<%Ceﬂ>(2.081/)2 <Zf> ~ 0.11F,. (27) restriction is imposed on the data sizé due to the

downsampling operation, the choice &f is much more

Therefore, we can achieve low-power consumption at the flexible compared with the PIPO algorithms.

expense of reasonable complexity overhead. In addition to the IIR-based approach, we can also
2) Comparison of ArchitecturesTable 3 summarizes the applybackward Chebyshev recursiomderive the multirate

hardware cost for the proposed architectures under normalDCT/IDCT architectures [65]. In computing the IDCT,

operation and under multirate operation (faf = 2,4). the Chebyshev approach requires less hardware complexity
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Table 4 Comparisons of Different DCT Architectures, Whefie Denotes the Data Sample Rate,
M Denotes the Programmable Downsampling Factor, &nts the Block Size

Liu et. al. [45] | Proposed multirate IIR Lee [62]
DCT with M =4
Data processing rate fs fs/M fs/N
No. of Multipliers 2N -2 (M + 1)N (in order) (%ﬂ) log, N (in order)
No. of Adders 2N (M +1)N (in order) (%) log, N
Latency N N [log, N(log, N — 1)]/2
Restriction on transform size N No Mk ke zZt %*kezt
Requirement for input buffer No No Yes
Index mapping No No Yes
Communication Local Local Global
1/0 operation SIPO SIPO PIPO
Speed compensation capability N/A Good Good
( at the expense of ( at the expense of
locally increased globally increased
hardware overhead hardware overhead
and local routing ) and global routing )
Power consumption Negligible Negligible Noticeable
in routing as N increases
Application to pruning DCT [66] Direct Direct Needs many modifications
and global interconnections

than the IIR-based approach presented here. Moreover, towith block size L = 2N and
further reduce the hardware overhead, the multirate low-

power DCT architecture with logarithmic complexity can B & L, wy = ﬁ, and 6, = il <k + 1)
be derived. The readers may refer to [63] for details. V2N 2N 2 2 (32)
) i The IIR transfer functions for (30) and (31) can be com-
B. Other Transform Coding Module Designs puted as
In this section, we extend the multirate DCT design
to a larger class of orthogonal transforms. We start with Hcx(2) = Si(1 — z=")
the multirate design of the modulated lapped transform cos((2L — 1wy, + 0x) — cos((2L + 1wy + 6) 271
(MLT) and extended lapped transform (ELT) [67]-[69]. ' 1—2cos2wpz L+ 22
Later, based on the derivations of MLT and ELT, we derive (33)
a un|f|eq transform codmg architecture that is capable of Hsx(2) = (1 — 2L
performing most of the discrete orthogonal transforms. ) ) 1
1) The IIR MLT Structure:The time-recursive MLT op-  sin((2L — Doy + 6k) — sin((2L + Dor +0r)2™"
erates on segments of data of leng, z(t+n—2N +1), 1—2cos2wpz™t + 272
n=0,1,---,2N — 1, and producesV output coefficients, (34)

Xy k(t), & =0,1,--+, N — 1, as follows [67]: The corresponding IIR module for the dual generation of

ot (®) — S5 %2§1 Sin% <n . %> X x(t) andXS;k(t) is depicted in Fig. 17(a), where
n=0 Iy = Breos((2L — Dwy, + ;)
. COS[Z <k n 1) <n R Eﬂ 'y 2 —f; cos((2L + Lwy, + 61
N 2 22 Iy 2 3, sin((2L — 1wy + 61)
‘ot tn = 2N 4+ 1) (28) Ty 2 B, sin((2L + Dwn + 64). (35)

where S(k) = (=1)*+2/2 if k is even, andS(k) = _ o
(=1)*=1D/2 if [ is odd. After some algebraic manipula- Th!s IIR module can be 'used as a pasm bwl@ng block
tions, the MLT can be decomposed into [70] to implement MLT according to (29). Fig. 17(b) illustrates
the overall time-recursive MLT architecture for the case
Xurr () = =S(B)[Xo w1 (t) + Xsx (b)) (29) N = 8. It consists of two parts: one is th&R module array,

where which computes{ ¢ ;.(t) and Xs »(¢) with different indexk

L1 in parallel. The other is thprogrammable interconnection
Xea(t) 2 8, Z cos[(2n + Dwy, + O]zt +n — 2N + 1) network,which selects and combines the outputs of the IIR

=0 array to generate the MLT coefficients.

(30) 2) Low-Power Design of the MLTAs with the low-

L1 power DCT, we can have a low-power MLT architecture
Xsx(t) 23 Z sin[(2n + Dwy + Ox]a(t +n — 2N + 1) if each MLT module can computé&lc () and Xg x(t)

=0 from the decimated input sequences. After performing

(32) the polyphase decomposition on (33) and (34), we can
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Fig. 17. (a) IR MLT module. (b) The time-recursive MLT ar-
chitecture.

compute the multirate IIR transfer functions féfc (=)
and Hg ;(z) as

Pl —z712)

Helz) = 1 — 2cos(dwy)z=t + 2=2
- ([cos((2L — 3wy, + O1)
— cos((2L + Dwy + 6k)2 1] Xe(2)
+ [cos((2L — Dwy + 1)
—cos((2L + 3)wr, + Ok)2 1| Xo(2))
(36)
and L2

Hoalz) = Pl — 277

1 —2cos(dwy )z~ + 2~
- ([sin((2L — 3)wy, + Qk)
—sin((2L + 1wy, + 6x)
+ [sin((2L — Dwy, + 6)
—sin((2L + 3)wy, + 6i)2

27X (2)

(=)
@37

1172

The parallel architecture to realize (36) and (37) is shown
in Fig. 18, where

Fl,e = /31 COS((2L — 3)wk + Hk)

['ye =—p1cos((2L + Dywy, + 0)

F37€ =3 Sin((ZL — 3)wk + Qk)

Tye =—prsin((2L 4 Dwy, + 6)

Fl,o = /31 COS((2L — 1)wk + Hk)

[y, = —p1cos((2L + 3)wr + Or.)

F370 = /31 sm((2L — 1)(4)k + ek)

F470 = —/31 sm((2L + 3)wk + Hk) (38)
It consists of two MLT modules in Fig. 17(a). The upper
module computes part of th€¢ ;. (¢) and X s ,(¢) from the
even sequence, while the lower one computes the remaining
part from the odd sequence. The two adders at the right
end are used to combine the even and odd outputs. Through
such manipulation, only decimated sequences are processed
inside the module. Hence, the MLT module can operate at
half of the original clock rate by doubling the hardware
complexity. The comparison of hardware cost is shown in
Table 3. Suppose thd®, denotes the power consumption
of the MLT module in Fig. 17(a). From the CMOS power
model, it can be shown that the power consumption for the
low-power MLT modules is reduced @38F, and0.17F,
for the case ofM = 2 and M = 4, respectively.

3) Low-Power Design of the ELTThe ELT with basis
length equal to4/N operates on a data segment of length
AN, z(t+n—4N+1),n=0,1,---,4N — 1, and produces
N output coefficientsX gy k( ) k =0,1,---,N—1.0ne
good choice of the ELT is as foIIows [71].

[Z s ao ()]
[t

z(t+n— AN +1). (39)

Xerr,x(

By the use of some trigonometric identities, we can rewrite
(39) as

Xprr () = —Xspr1(t) +V2Xc (1) + Xs4-1() (40)

where
L-1
Xex(t) —/322(305 2n+ Dwy, + ]zt +n — 4N + 1)
n=0
(41)
L-1
ijk( —[32281n (2n 4+ Do), + 6. ]x(t+n — 4N +1)
n=0

(42)
with
1 T 1
L =4N = rae L Z
’ /32 2@7 W oN <k+ 2)
and
pa T 1
0, = 2<k+2>. (43)
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Fig. 18. Low-power IIR MLT module design.

Define the relationship in (29) and (40) as tt@mbination As a result, the multirate MLT module in Fig. 18 can
functions After comparing (29)—(32) with (40)-(43), we compute the DCT with different indek in parallel.

see that the MLT and ELT have identical mathematical The other example is the DFT with real-valued inputs.
structures except for the definitions of parameters and theWith the following parameter setting:

combination functions. Therefore, the IR MLT module 1 —_k
in Fig. 17(a), as well as the low-power MLT module in L=N, 3 = Nia Wi =T and 6, = —wi
Fig. 18, can be readily applied to ELT by simply modifying N (45)

those multiplier coefficients. Also, the overall ELT architec- (30) and (31) become
ture is similar to the MLT architecture in Fig. 17(b) except
that the programmable interconnection network performs 1 27

according to the combination function defined in (40). The ca(t) = N Z COS(Tk”>$(t +n—N+1)
hardware cost for the ELT can be found in Table 3. Since n=0

N-1

the number of multipliers of the ELT is about the same as N1 (46)
that of the MLT, the power savings for both transforms 1 . —2m

- ; . Xsp(t) = — —k t —N+1
are similar. Although the proposed architecture requires sk(?) VN nz::o SN (t+n +1)
more hardware complexity compared with the single-output (47)

regressive DCT architecture in [72], the decomposition of

the MLT/ELT into X¢ 1 (t) and X5 4(¢) in (29) and (40) which are the real part and the imaginary part of the DFT,

is more systematic and fits into our unified programmable respectively. The discrete Hartley transform (DHT) can be

design very well (as we will discuss in the next section and computed using the same parameter setting as the DFT
Section VII). We therefore use the two-output MLT/ELT except that the programmable interconnection network in

architectures for integrity of the presentation. Fig. 17(b) performs as
4) Unified Low-Power IIR Transform Module Design: _
From the transform functions described in (29)—(32) and Xpnri(t) = Xow(t) + Xs(t). (48)

(40)—(43), we observe that the low-power MLT architecture The parameter settings as well as the corresponding com-

in Figs. 17 and 18 can be used to realize most existing pination functions for other orthogonal transforms are sum-
discrete sinusoidal transforms by suitably setting the marized in Table 5.

parameters and defining the combination functions. For The programmable feature of the unified low-power
example, Xcx(t) in (30) is equivalent to the DCT by  module design makes it very attractive in transform-coding
setting applications. First, the unified structure can be implemented
_ _ i _km _ as a high-performance programmable coprocessor, which
L=N, pfi=0Ck), wi= aN’ and 6, =0. (44) performs various discrete transforms for the host processor
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Table 5 Parameter Setting for the Unified Low-Power IIR Transform Coding Architecture

Data Combination
Length iR Wk O Function

DCT N C(k) ;—;\r] 0 XDCT,k(t) = Xcr (t)

DCT N 00 [t D | —or | Xiorald = Xox(®) + (C0) — C)am N+ D)
DST-1V in [73] N c(1) 5%(’6 + 3) 0 Xpst,e(t) = Xs k()
IDST-1V in [73] N C 1) E%(k + “) 0 XIDST,k(t) = XS,k (t)

MLT 2N s L Z(k+ 1) Xurr(t) = —S(K) Xox+1(t) + X5,k (2) ]

ELT 4N PWerd %(k —+ % %(k + %) XELT,Ic (t) = _XS,k+1 (t) + \/EXCJC (t) + Xsyk_l(t)

DFT N \/1—-7 :—11:,1 —Wg RE{XDFT’k(t)} = Xc,k (t), Im{XDpT,k(t)} = Xsyk(t).

DHT N ﬁ _Tk" —Wg XDHT,Ic(t) = Xc,k(t) + Xs,k(t).

by loading the suitable parameters. Second, by hard wiringmay suffer from the instability problem. In the category

the multiplier coefficients of the modules to preset values of transform-domain motion estimation, three-dimensional
according to the transformation type, we can perform any FFT has been successfully used to estimate motion in
one of the discrete sinusoidal transforms based on the sameseveral consecutive frames [91]. But the FFT operating on
architecture. This can significantly reduce the design cycle complex numbers is not used in most video standards [92],

as well as the manufacturing cost. and the global routing structure is undesirable in VLSI
design. Also, it requires processing of several frames rather
than two.

C. Motion Estimation To further improve the compression rate and resolution,

In video coding, motion estimation has been shown to be motion estimation with subpixel accuracy is essential as
very useful in reducing temporal redundancy but requires movements in a video sequence are not necessarily multi-
very high computational complexity. Therefore, numerous ples of the sampling grid distance. Studies have revealed
VLSI dedicated—or function-specific—architectures have that the temporal prediction error variance is generally
been designed solely for motion estimation [74] with ap- decreased by employing subpixel motion compensation.
plications to high-definition television (HDTV) [75], video  Also, beyond a certain “critical accuracy,” the possibility of
telephony, multimedia systems [76], asynchronous transferfurther improving prediction by using more accurate motion
mode of video [77], etc. The most commonly used motion- compensation schemes is small [93]. As a result, motion
estimation architectures are based on the block matchingcompensation with half-pel accuracy is recommended in
motion estimation (BKM-ME) algorithm, which performs MPEG-2 and H.263 standards. Some implementations that
the matching of blocks between the current frame and the employ exhaustive block matching were proposed in [94]
reference frame in terms of either mean square error (MSE)and [95]. In [95], the block matching is implemented with
[29] or mean absolute difference (MAD) [28]. Extensive a 1-D systolic array. Then a half-pel precision processing
investigation has shown that using the MAD leads to a unit is introduced to estimate half-pel motion vectors based
simpler implementation, while the performance is as good on integer-pel accuracy using bilinear interpolation method.
as when the MSE is used in motion-compensated predictionInterpolation, which is commonly used to perform spatial-
[78]. Hence, the MAD is usually employed as the cost domain fractional-pel motion estimation [96], not only
function in practical designs. increases the complexity and data flow of a coder but

Some exhaustive-search block-matching architecturesalso may adversely affect the accuracy of motion estimated
have been proposed [79]-[81]. Due to the complexity of from the interpolated images. Therefore, the drawbacks of
block matching, the hardware complexity is also high. the implementation in [95] are the loss of accuracy and
Architectures for block matching based on hierarchical increased computational complexity.
search strategies to reduce the computational complexity 1) Low-Power and High-Performance Motion-Estimator
were presented in [82]-[85]. These structures require Design: Based on the concept of pseudophase and the
two or more sequential steps/stages to find suboptimal sinusoidal orthogonal principles [46], [47], we design a
estimates. To avoid the blocking effect in BKM-ME, motion novel low-power, low-complexity, and high-throughput
estimation based on lapped orthogonal transform (LOT) CORDIC [48] architecture (CORDIC-HDXT-ME) for half-
[69] and complex lapped transform (CLT) were proposed pel motion estimation. Techniques such as look-ahead [39],
[86]. They still require searching over a larger search [40], [42], multirate [43], pipelining [2], and folding [97]
area and thus result in a very high computational burden. have been combined and used in the design. This proposed
Moreover, motion estimation using CLT-ME is accurate on multiplier-free and fully pipelined parallel architecture
moving sharp edges but not on blur edges. In addition to works solely at DCT domain without interpolation of input
block-based approaches, pel-based estimation methods suchmages to meet the needs of portable, high-quality, high-bit-
as pel-recursive algorithm [87], [88] and architecture [89], rate picture transmission. To obtain an estimation of half-pel
optical flow approach [90] have been proposed. However, accuracy, we can have better flexibility and scalability by
the pel-based estimation methods are very vulnerable tofirst computing the integer-pel motion vectors [98] and
noise by virtue of their involving only local operations and then considering only those around them to determine
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Fig. 19. Coder structures, where SD-ME stands for spatial-domain motion estimation and TD-ME
stands for transform-domain motion estimation. (a) Conventional hybrid coder structure.
(b) DCT-based coder structure.
e ™
Integer-pel Motion Estimation (CORDIC-DXT-ME)
_] (k1) F(mn) (k1)
x 1' Rotator Zt-s i N
t- Pseudo Phases | * S DIDXT.I —> ok Search (m,n) Half-pel
i - - P i » . . —»
Xt Computation | N L, cal Searchung Motion Estimator
2D-DXT-II ¢ s ™ Half-pel
m,n .
gD gk Motion Vector
\ J

Integer-pel
Motion Vector

Fig. 20. The assembled block diagram of CORDIC-HDXT-ME.

the half-pel motion vectors [99]. This architecture’s low Now the performance-critical feedback loop of the DCT-
computational complexity-@(N?) as compared with  based coder contains only a transform-domain motion es-
O(N*) for commonly used HBKM-ME [94], [95]—makes timation (TD-ME) unit instead of three major components
it attractive in real-time multimedia applications. Unlike (DCT, IDCT, SD-ME), as in the conventional hybrid DCT
the low-power video codec design in [100], our low-power Motion-compensated video coder. This not only reduces the
design is achieved at the algorithmic and architectural complexity of the coder but also achieves higher system
levels. Also, unlike those fast block search integer-pel throughput. In addition to its low complexity, its ability
motion-estimation methods (such as three-step search [101]{0 estimate motion completely in DCT domain enables us
logarithmic search, etc.), which pick several displacement t0 replace all multiply-accumulate (MAC) operations in
candidates out of all possible displacement values in termsPlane rotation with CORDIC processors [48] and to effi-
of minimum MAD values of a reduced number of pixels, Ci€ntly combine the two major processing components—the
the DCT pseudophase technique employs the sinusoidalPCT ar_ld motion estlmat|_on—|nto one single compo_nent
orthogonal principles to directly extract displacement ©f refatively low complexity. Furthermore, from the im-
information from the discrete sinusoidal DXT (DCT/DST) Plementation point of view, we can get rid of the IDCT

transform coefficients of images. With this direct extraction, moqilehusg(z:f?r ha(ljf-f)el_lr_r;]otlon espmzfaﬂon by mtlerleavmﬁ
we also avoid the operation of interpolation in finding It with the module. Those major features, along wit

: : the regular, modular, and only local connected properties of
half-pel mot!on ve_ctors. . . the proposed CORDIC-HDXT-ME architecture, make the
As explained in [46], the hybrid DCT motion- . . . .

. . ; MPEG-2, H.263 compatible real-time video codec design
compensated video coder structure in Fig. 19(a) u‘%don a single dedicated chip feasible without sacrificing the
in MPEG-2, H.261, and H.263 is not an efficient coder 9 P 9

L erformance.
structure because the throughput of the coder is limited by P

) : According to the SDXT-ME algorithm in [46] and [47],
the processing speed of the feedback loop. This becomegNe derive the assembled block diagram of the CORDIC-

the major bottleneck o_f the ent.ire Qigital video system for HDXT-ME architecture outlined in Fig. 20. It has four
high-throughput, real-time applications. On the other hand, major processing stages/phases.

the DCT-based subpixel motion estimation [spatial-domain

(SD)XT-ME] algorithm works solely in the DCT transform 1) TheN x N block of pixels at the current frame are
domain so that we can move DCT/IDCT out of the loop, fed into atype Il DCT/DST(2D-DXT-II) [73], [102]
as shown in Fig. 19(b). coder, which computes four coefficienfs;<(k,1),
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X2k, D), Xpe(k, 1), and X2*(k,1) such as
4 N—-1N-1
X (kD) = 7z CR)CW) YD @(min)
br( I\
: COS|:W <m + 5)}

wfser)]

k1€ {0,--- N —1}.

Meanwhile, the N x N type Il DCT/DST coeffi-
cients of the previous frame,_; are transformed to
type | DCT/DST(2D-DXT-I) coefficientsZ;<, (k,1),
zes (kD) Z2< (K, D), and Z72 (K, 1) such as

N—1N-1

zee (k1) = %C(k)C(l) SN wa(myn)
m=0 n=0
km In
- COS [F(m)} cos {N(n)} ,
k,le{0,---,N}.

2)
previous parameters and takegN ) times to produce
two pseudophase function&k,!) and g(k,1).

Then f(k,I) and g(k,l) undergotype Il inverse
IDCT/IDST (2D-IDXT-1l) transform to generate
F(m,n) and G(m,n).

3)

4) Last, we search the peak values based on sinusoidal

orthogonal principles among'(m,n) and G(m,n)
to determine the integer-pel motion vecten, n).

To obtain an estimation at half-pel accuracy, we can have

better flexibility and scalability by first using the CORDIC-
DXT-ME to get the integer-pel motion vectofs:, n) and
then utilizing the half-pel motion estimator block to obtain
the estimation at half-pel accuracy. The half-pel motion
vector is determined by only considering the nine possible
positions around the integer-pel displacemgnt n).

In what follows, we describe the detailed design of each
block in Fig. 20.

D. Time-Recursive Programmable Module for 2D-DXT-II
and 2D-IDXT-II

The type Il one-dimensional DCT/DS{LD-DXT-II) of
a sequential input data starting franit) and ending with
x(t + N) is defined as

Xe(k) = %C(k) t:ﬁ;t_lx(n) cos [’% [(n — )+ %H :

kE{O,"',N—l},

X7 (k) = %C(k) t:ﬁ;t_lx(n) Sin[% [(n — )+ %”

]%'E{].,'”,N}

1176

The pseudophases computation module utilizes all the

where

L fork=0orN
— \/§a 3
Clk) {1 otherwise

?

Here, the time index in X/ (k) and X7 (k) denotes that
the transform starts froma(¢). Unlike the commonly used
two-dimensional (2-D) DCT structures (such as matrix
factorization [103], systolic structure implementation [104],
etc.), the time-recursive DCT architecture derived in [44]
is able to generate DCT and DST outputs simultaneously,
which can be used in computing pseudophases later. The
time-recursive updating of 1D-DXT-II is given by

{Xf_i_l(k)} B [ cos BT gin AT }
X7y (k) —sin % cos&x
Xk, [ coshe  sndz
X7(k) —sin T cosi%

. {%(—x(t) + <—01>kx<t+N>>”' 49)
Note that the orthogonal rotation of the lattice structure in
(49) is numerically stable so that the roundoff errors will
not be accumulated. This nice numerical property is very
useful in finite-precision implementation.

Similarly, the updating of thénverse 1D-IDXT-II(1D-
IDXT-II) is given by

{35?4-1(”)}
zi31(n)
_ COS(QSJ'\';I)W sin(Q’QL]'\';l)W z§(n)
g e sl [ )
-LX(®) (L -1)X(t+1)
et | B e
(50)
The auxiliary variable z¢*(n) is related to zj(n)
byzi,,(n) = z*(n) + (—1)"%X(t + N). From

the above discussion, we observe that both 1D-DXT-Il and
its inverse 1D-IDXT-1l share a common computational
module with only some minor differences in the data inputs
and the rotation angles. Therefore, we can integrate both
DCT and IDCT by interleaving for different functionalities.

Because the time-recursive 1D-DXT/IDXT-1l module has
an inherent feedback loop, we can use the look-ahead
method to achieve low-power design. The two-stage look-
ahead relation for DCT/DST is given by

Xipo(k) | _ | cos 2T sin 282
X7 o(k) —sin 2% cos kX
¢ kn 3kw
[ XE(R) 4 [0Sy oSSy
X (k) sin 3% sin 387

. [—x(t) + (=D z(t + N) ”
—z(t+ )+ (-D*zt+N+1) ||

(51)

Furthermore, the two-stage look-ahead 1D-DXT-II can be
interleaved with 1D-IDXT-II into one unified structure that
contains three CORDIC processors. Clearly, the look-ahead
system can be clocked at a two-times faster frequency than
that of the original system. By following our arguments in
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Section I-C, this system can also be used to obtain a low-

Fig. 22(b), we obtain a pipelined architecture at the expense

power implementation. Since the capacitances along theof an increase in the output latency. Now the pipelined

critical path remain the same after look-ahead transforma-
tion, we getVi.ox = 3.08 V. Provided that the capacitances
due to the CORDIC'’s are dominant in the circuit and are
roughly proportional to the number of CORDIC'B},.i. =
Clook V2o frook = (2Cu4xt)(3.08V)2(3 fuxs) = 0.28Puu,
where Py, denotes the power consumption of the original
DCT/IDCT.

In the third stage of Fig. 20, two pseudophase functions,
f(k,1) andg(k, 1), pass through 2D-IDXT-II moduletype
Il inverse IDCSTand IDSCT) to generateF'(m,n) and
G(m,n) in view of the orthogonal property

F(m,n) = IDCSTI(f(k,1))
4 N—-1 N

(52)

-[6(n —my) — 6(n +m, + 1)]
G(m,n) = IDSCTIg(k,1))
4 N N-1
=532 2 C(B)CDglh.1)
k=1 1=0
. km 1 s 1
-smﬁ <m+ 5) COSN<7’L+ 5)
= [6(m —my) — 6(m +m, + 1)]

-[6(n —my) + 8(n +m, + 1)] (53)
wherem,,, m, are the peak positions used in determining
the integer-pel motion vectors.

To interleave the DCT module used in the first stage
with the IDCT module in the third stage of Fig. 20, we
extend and modify the 2-D DCT structure in [12] to
simultaneously generatgpe || DCCT, DCST, DSCT and
DSST coefficients when the pixels of the current frame
x¢ are selected, od’(m,n) and G(m,n) when f(k,)
and g(k,l) are in turn selected, as shown in Fig. 21. To
dually generatd’(m, n) andG(m, n), we use a multiplexer
to control the input data flow by choosiny of f(k,!)
le{1,---,N} followed by g(k,1) I € {0,---,N — 1}
alternately for different:. As a result, the module generates
1-DIDST(f(k,1)), which enters the lower circular shift ma-
trix in Fig. 21, andIDCT(g(k,)), which enters the upper
matrix in turn. The 2-ODCST(f(k,)) andIDSCT ¢(k, 1))
can be obtained independently afterwards. In Fig. 21, the
2D-DXT-11/2D-IDXT-II module is composed of three 1D-
DXT-1I/1D-IDXT-II arrays; thus, the coder needs a total of
9N CORDIC’s and27N + 12 adders for 2D-DXT-1l and
its inverse 2D-IDXT-II.

Note that thetype | 2D-DXT-I coefficients Z7¢, (k,1),
ze2 (kD) Zg< (k, 1), andZ22  (k, 1) required by the pseu-
dophase computation in the second stage of Fig. 20 can
actually be obtained by the plane rotation of tlype II
2D-DXT-Il kernels, as shown in Fig. 22(a). By insert-
ing the latches across any feed-forward cut-set shown in
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structure, which still requires four CORDIC's, can be run
at a two-times faster clock rate than that of the original
design without pipelining. By reducing the supply voltage,
however, we can increase the propagation delay of the
pipelined system until it equals that of the origin system.
Because the capacitances along the critical path get halved,
by following the similar derivations in Section I-C, we
get Vpipe = 3.08 V and -Ppipe = Cpipevlipefpipe =

(2 Coonv)(3.08V)?(3 foonv) = 0.19P.0ny, Where P, de-
notes the power consumption of the original conversion
module. The rotation module in Fig. 20 consists &f
such units, as shown in Fig. 22(b), for parallel rotations
of different channels. It requires a total v CORDIC's

and takesD(N) time to perform transformation from 2D-
DXT-Il to 2D-DXT-I.

E. Pseudophase Computation and Peak Searching

As mentioned in [46], the pseudophase functigit, )
and g(k, ) of integer-pel displacements between previous
framesz,_; and current frame; are computed by solving
the system equation

Zi\ (k1) =22 (kD) =z (kD) 277 (RD)
Zfsl(k’l) Ztcil(k’l) _Ztsil(k’l) _Ztsil(k’l)
Zi8y (k1) =22, (kD) 22y (kD) =272, (kD)
272y (k 1) Z20y (k) 22y (kD) 224 (kD)
Zt—:(k:l)

g<C (k, 1) Xie(k, 1)

gcs(k’l) _ st(k’l)

gsc(k’l) B Xfc(k’l)

9> (k1) X2 (k1)

G (B, 1) X (k1)

for k,le{1,---,N — 1} (54)

where(m,n) is the displacemen€mm is the pseudophase
vector, which also equalsx, f(k,1),g(k,1),x]T, and x
stands for “don’t care.”

If we adopt Gaussian elimination or the Givens rotation
method to solve for pseudophagé:,!) and g(k,!) in the
system equation, it incurs a heavy computational burden.
However, by exploring the structure embedded in the
Z; 1(k,l), we can reduce the 2-D problem to 1-D. Because
we are only interested in solving pseudophgég, ) and
g(k, 1), we multiply both sides of the system equation by
Z! (k,1) and get the reduced R 2 matrix equation

|
_ [Z{;l(k,l) Zti%l(k,l)} [—)g{c(k,l)}
¥Zt—1(kvl) Zt—lsljvl) Xt (kvl)
Iy
L s« [
I,
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Fig. 21. Time-recursive structure to compute DCCT/DCST/DSCT/DSST and the inverse.
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Fig. 22. The architecture for 2D-DXT-II to 2D-DXT-I conversion. (a) Lattice structure.

(b) Low-power design.

whereE = (Z7¢, (k, 1))? 4+ (Z¢2  (k, D) + (2351 (B, D) +
( 1,851(/%1))2’17 = 2 [ fi1(kal) 1,851(/@1)
e (k,0DZ22 (kD). Then f(k,l) and g(k,l) can be

found as
] -4 Z][5) e

(56)
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From the above discussion, we observe that those com-
putations likel'; and I'; in (25) are similar. We thus
employ the folding technique [97] to save area. The folded
architecture in Fig. 23 requires ten CORDIC’s. The hard-
ware complexity is almost halved compared to the un-
folded pipeline architecture. This reduction in hardware
is achieved at the expense of increasing the latency of
the module. The switches’ settings in Fig. 23 are for
I'y, and the complementary settings are 6y I's. The
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Fig. 23. Folded pipeline structure for pseudophase computation.
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Fig. 24. Low-power design for pseudophase computation.

latches (D’s in Fig. 23) driven by two nonoverlap clocks with A

2 outlined in Fig. 24, where theipelined

are introduced across the feed-forward cut-set in order to computationmodule corresponds to that in Fig. 23. The
reduce the critical path and to synchronize the pseudophasemultirate design needs 20 CORDIC's. Based on the
computation. Here, some CORDIC processors are operatedarguments in Section I-B3, it can be shown that the
in hyperbolic rotation mod§48] to evaluate4, B, and the
pseudo phaseg(k,l) and g(k,l). Overall the structure is
fully pipelined, and it takesD(N) time to compute two
pseudophase function§k,7) and g(k,1).

By following the multirate design procedure in Section
I, we can obtain the low-power multirate structure
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power consumption for the multirate design can be
rothIy estimated asPousi = Cmultiv;iultifmulti =
(%Cphase)(3~08v)2(%fphase) = 0~38F)phasev Where-Pphase
denotes the power consumption of the original pseudophase
computation. In summary, we can parallelizé such
multirate modules for different channels to speed up

1179



the pseudophase computation. It tak€§N) time to
accomplish the work, and the hardware cost 26BN
CORDIC’s and2N adders.

The 2-D search for the peak value amafign,n) and
G(m,n) can be reduced to the 1-D search by the row-
column decomposition search. The decomposition searchXl
looks for the peak value of each row, followed by a vertical
search of the previous results, as shown in Fig. 25(a) (here,
we useG(m,n) as an example, it is also applicable to
F(m,n)). Since it is fully pipelined, a careful design to
optimize the speed or reduce the power consumption of the
system is required by inserting latches along the critical
path. The latency of peak search2d/. The peak search
needs2(N + 1) process elements (PE’s), and the hardware
structure of a PE is shown in Fig. 25(b).

F. Time-Recursive Programmable Module
for Half-Pel Motion Estimator

To obtain an estimation at half-pel accuracy, we can
first compute the integer-pel motion estimdtie,n) and
then utilize the half-pel motion estimator block to produce
DCSu,v) and DSQu,v) for w € {m — 0.5,m,m + 0.5}
andv € {n — 0.5,n,n + 0.5}, as shown in Fig. 20. The
DCSu,v) andDSCu,v) are defined as follows [47]:

-1 N

DCSu ZZC

k=0 I=1

)

1

—)

kn
- COS— <m+uu + 5

-sin— <n + iy + —) (57)
—1
DS Z Yg(k, 1)
k=1 1=0
si k—ﬁ + —|—1
nor | M bt g
. COS% <n + py + %) (58)

where i, u, € {—0.5,0,0.5}. The half-pel motion vector
is determined by only considering the nine possible posi-
tions around the integer-pel displacemémt, n). The peak
position of eitherDCSw, v) or DSQu, v) determines the
half-pel motion estimation.

For the computation of the two-dimensiol@a8G«, v),
we can decompose its computation into tree-structured
hierarchicalone-dimensional type Il inverse IDCT/IDSAS
shown in Fig. 26 (here, we u€eSQu,v) as an example;
the same approach can be applied®©Su, v)). Note that
the computations encircled by dot boxes in Fig. 26 are the
same except for the phase differences. Let us define

2 t+N-—-1
G(l) = Z C( —t)g(k,1) cos ¢
2 t—|—N
el Z Ol —t)g(k, 1) sin ¢ (59)
I=t+1
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Table 6 Components of Different Phases in (60) and (61)

n+ % n n—+1
2(2) [ 2(2)-077(2 £(2)-©(2)
€ e+ ¢ e—¢
H ¢ 0 0
®(1) | (1) -071(1) &(1) - O(1)
7 n+0 n—=0
M 6 0 0
K
N 0 0 0
(n+Ll)ymnr (n+d)mn
®(m) = { cos—z—("]il)m,r sm—z—(nJrIl\,)m?r
—sin 2 s
N N J
@(m) = cos 57 singyy
—singa COSTRT

e=——=g(k,t);¢ = (=1)"g(k,t + N); = —g(k, t +1);
6= (-1)"g(k,t + N+1);5 = (—1)”(% —1)g(k,t + N +1);

where¢ stands for different phases suchﬁsz, ﬁ\—” (n+3 )
and Z(n + 1) in the middle level of Fig. 26. Therefore,
by using the same time-recursive approach for inverse 1D-
IDXT-II described in Section IlI-C, we can obtain the
one-step time-recursive updating similar to (50) [99]. To
achieve the low-power design, we need to double the step
size to get the two-step look-ahead time-recursive updating
for different phases. Those updating equations are similar
but with only some minor differences in the data paths and
the rotation angles. Therefore, we can combine them to
obtain the following unified equation to genera, ,(/)

and G7,,(l) simultaneously:

dittn] =[]
+L-M+ [ 7 )g(’%‘vt+2)}_(60)
The auxiliary variablei7{7, (1) is related toG7, ,(I) by
[ f*f(l)} :L[Gm(z) (C; (1)) (k,t+2)} + N
(61)

The corresponding parametel, J,, L, M, and N in

(60) and (61), depending on the different phases, are listed
in Table 6. The unified programmable module requires
three CORDIC's. Provided that the capacitances due to the
CORDIC's are dominant in the circuit and are roughly pro-
portional to the number of CORDIC's, we gé’;z_smge =

CQ stage‘/Q stagef2 -stage — ( Chalf)(ggégfv) ( fhalf)
0.28 Pyjarr, Where Pyar denotes the power consumption of
the original half-pel motion estimator block.

N + 3 such programmable modules can be used for
parallel computing ofDSGu,v) for different channels
[99]. It takes O(N) time to produceDSQu,v) for « €
{m —0.5,m,m + 0.5} andv € {n — 0.5,n,n + 0.5} and
takesO(1) time to find the peak position corresponding to
the half-pel motion vector among nine possible locations

around (m, n).
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Fig. 25. The two-dimensional peak search structure. (a) Scheme diagram. (b) PE design.

G. Hardware Cost and Simulation Results integer-pel motion estimation and requires an additional
. . N +9 CORDIC'’s and7N +33 adders to perform half-pel
Based on the above discussion, the hardware cost and3 t + P b

throughput of each stage in Fig. 20 are summarized in motion _estimation. In Fig. 27(a), we move the image
Table 7. The structure is a scalable design that (38@é in the direction (3.5;1.5) corresponding to imag€2 with
CORDIC processors angBN + 12 adders to perform an  additive Gaussian noise at SNR40 dB. Our simulation of
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Fig. 26. Schematic diagram for computingSQ«, v).

Table 7 Hardware Cost and Throughput

Component CORDICs | Adders | latches | Registers | Throughput
2D-DXT/IDXT 9N 2TN+12 6N N + 6N? O(N)
Conversion 4N 0 4N 0 O(N)
Pseudo Phase 20N 2N 12N 0 O(N)
Peak Searching 0 0 IN+2 2N? O(N)
Half-pel 3N+9 TN+33 | 2N+6 | 3N+ N? O(N)

Estimator

Total | 36N+9 [ 36N+45 | 26N+8 [ 4N +9N” | O(N)

the designed low-power CORDIC-HDXT-ME architecture Bose—Chaudhuri-Hocquenheim codes, are a popular
shows that it can estimate the correct integer-pel motion choice to provide data integrity because they can provide
vector (3-1) and half-pel motion vector (351.5), as good error-correction capability for random and bursty
shown in Fig. 27(b) and (c), respectively. Simulation is also errors alike. In space applications, a concatenated scheme
made on the “Miss America” sequence in quarter-common consisting of a convolutional inner code and an RS outer
intermediate format, whose frame size is 176144. The code has been accepted as a standard [105]. In audio
original frames 90 and 91 are shown in Fig. 28(a) and (b), compact discs, a cross-interleaved pair of RS codes is
and the reconstructed frame 91 based on the moving vectoraused to provide error protection [106]. The U.S. Cellular
obtained from low-power CORDIC-HDXT-ME is shown Digital Packet Data service has adopted the (63,47) RS

in Fig. 28(c). code [107]. RS codes are being considered to provide
forward error protection against impulse noise in digital
IV. CHANNEL CODING subscriber line (xDSL) applications over telephone lines

[108]. They are also good candidates for use in portable
wireless applications as a part of concatenated coding

A. RS Coding systems with convolutional codes [109)].
RS codes have come into widespread use for An (n,k) RS code withn — &k = 2¢ consecutive roots
forward error correction in communication and storage in GF(g)—viz, a’, ottt ... o*T2~1 where a is the

systems. RS codes, which are a special case ofprimitive element of GI'(¢)—has a minimum distance
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Fig. 27. CORDIC-HDXT-ME estimates a moveme(.5, —1.5) with additive white Gaussian
noise at SNR= 40 dB. (a) Inputs X1 and X2. (b) Peaks of integer-pel. (c) Peaks of half-pel.

dmin = 2t + 1. Let ¢; denote the errors introduced by Then the decoding problem is to find the error valugs
the channel at positions = iy,4s,---,4,. The symbols and the error locations= i,4>,---,%,. The error-locator
v; of the corrupted word received from the channel can polynomial A(x) is defined asA(x) = [],_, (1 — za®).
be written in terms of the code-word symbaisand the The syndromes can be computed$s= Z;:Ol !ty
error symbolse; asv; = ¢; +¢; fori =0,1,---,(n —1). forj=0,1,---,(2t—1) and written in polynomial form as
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(b)

Fig. 28. Simulation on the “Miss America” sequence. (a) Frame 90. (b) Frame 91. (c) Recon-
structed frame.

S(x) = Zf;gl S;z7. Thekey equatiorcan then be written  a hypersystolic array targeted at extremely high-speed de-
as coding.
_ 2t 1) A Look-Ahead-Like Transformation for the Berlekamp
Az)S(x) = I(z)mod z (62) Algorithm: We consider an RS decoder that uses the
whereT'(z) is the error-magnitude polynomial. Berlekamp algorithm to solve the key equation and then
RS decoding algorithms can be classified into time- and calculates the errors in the time domain using Forney’s
frequency-domain approaches. Both approaches start withmethod. We show how to apply an algorithm-level
the computation of the syndromes. In the next step, the keytransformation to obtain high-speed/low-power/low-latency
equation is solved to obtain the error-locator polynomial. operation. The basic idea is to halve the number of
The key equation can primarily be solved in three different jterations in the Berlekamp algorithm while at the same
ways—Peterson’s algorithm [110], Berlekamp’s algorithm time increasing the concurrency in each iteration. The
[111] (or Berlekamp Massey synthesis [112]) or Euclid’s proposed transformation is closely related to the loop-
greatest common divisor (GCD) algorithm [113]. While ynrolling transformation and the look-ahead transformation
Peterson’s algorithm is inefficient for large (t > 3), [41].
Berlekamp’s algorithm and Euclid’s algorithm are more  The griginal Berlekamp algorithm is shown below
efficient for largert. Once the error-locator polynomial has
been obtained, the frequency-domain method uses recursiveBerlekamp algorithm: Algorithm 1
extension to obtain the error transform. Then an inverse 0) Initialize: A (z) =1, BO(z) = 1, TO(z) = 0,

discrete Fourier transform is performed to obtain the error AO(z) =271, Lo =0

values. In the time-domain method, the error-locator and 1) for = » = 1 to 2¢

error-magnitude polynomials are used to compute the error2) A= ;‘;6‘ AE.”*l)S,,_l_j

values directly using Chien search and Forney’s algorithm 3) if A.#0thenbl =0celsebl =1

[114]. 4) if 2L, < (r—1)thenb2=0elset2=1

Blahut [115] propose_d another apprqach that avoided 5a) [gi:i(a@)] _ MT(w)[;i’LZB@] (refer Table 8)
the syndrome computation by transforming the Berlekamp Fm((;”)) . ((;))
Massey (BM) algorithm into the time domain. This ap- 5P)  [o ()] = Me(2)] o1y, ] (refer to Table 8)
proach (also called transform decoding without transforms) 6) L, = fr(L,_1) (refer to Table 8)
avoided the Fourier transform (i.e., the syndrome com- 7) end for loop
putation) at the beginning as well as the inverse Fourier 8) Output:A(z) = A®)(z), I'(z) = ') (z).
transform at the end of the frequency-domain approach. ) o i
Through this technique, the design of versatile decoders Ve observe that the degree.dfx) increases in iteration
for any RS code over a specific field [116] is facilitated at ” Only when A, 7 0 and 2/, < 7 — 1. This implies
the cost of increased algorithm complexity [115]. that the degree of\(z) can increase only once in any
Many of the early decoder implementations used ei- WO consecutive iterations. We can prove this fact by
ther Massey’s synthesis [117] or Euclid’s GCD algorithm contradiction. Let us assume that the degreeAgf) in
[118], [119] to solve the key equation and then computed fact increases in iterations and r + 1. This implies
the errors in the frequency domain. Later designs [105], that &, # 0, 2L, < r -1, L, = r — L,_; and
[120]-[122] use the extended Euclid GCD computation Ar4+1 # 0, 2L, < (r+1) — 1. Using L, = 7 — L,
followed by time-domain computation of errors by Forney’s in 2L, < (r+1) — 1, we get2L,_; > r — 1. Since we
method. The VLSI implementation of the GCD compu- cannot haverl,_; >r—1and2L,_; <r—1 at the same
tation was based on the systolic array structure of Brent time, we have obtained a contradiction that completes our
and Kung [123]. Whitakeet al.[105] designed a pipelined  proof.
decoder for HDTV based on polynomial multiplication and  In addition, we note thaf3(x) and L need to be up-
division modules, while Berlekampt al. [122] designed dated (row 1 of Table 8) only when the degree /ffx)
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Table 8 Updating(A(x), B(x)), (I'(x),
and L in the Berlekamp Algorithm

A(z)),

Condition M, (z) fr(Le-1)
T 1 Az
b1 b2 [ ACl 0 ] r—L,_1
b1 + b2 1 Az Ly
0 x
Input Syndrome Berlekamp Error Output
Computation Algorithm Computation

pipeline
latch

Fig. 29. Normal pipelined RS decoder.

increases. Otherwise?(x) is just shifted andL remains
unchanged (row 2 of Table 8). This suggests that if we
apply the idea of look-ahead to update the pair of polynomi-
als from (A*=2)(z), B@*=2)(z)) to (A®*)(z), B®*)(x))
without going through the intermediate computation of
(A1 (z), B@*1(z)), then we can halve the number
of iterations. Of course, this modification will lead to a
more complicated design than that of the original algo-
rithm. In addition, we observe that the pair of polynomials
(I'(x), A(z)) are updated with the same matdd,.(x) as
the pair(A(z), B(x)). Therefore, any transformation that is
applied to the update qfA(z), B(x)) can also be applied
to update(I'(x), A(z)).

The modified Berlekamp algorithm is derived by con-

sidering the update of all variables over two consecutive
iterations and then using the properties mentioned above

to obtain simplifications (for details, see [124]). The basic
idea of the derivation is similar to that used in [115] to
derive the BM algorithm

Modified Berlekamp algorithm: Algorithm 2

0) Initiallize A®(z) =1, BO(z) =1, T(z) =0,
AO(z) =27, Lo =0, ag = So

1) fork=1to¢

2a) Agp_y = ZJLkal A]('Qk_Q)SQk—Q—j

2b) dop = Zfﬁﬁl A('2k_2)52k717j

2c) ok = EL" ' A(Qk 2 Sop —j

3) BPok—1 = 62k - AQk 10025—2

4a) if 6op # 0 then b0 = 0 elseb0 =1 fi

4b) if Agp_1 #0thendl =0 elsebl =1fi

5) if 2L2k 2 < (2k — 2) then b2 =0 elseb2 = 1 fi
@Ry

6a) [gaw(m)] (“7)[3@1» 2)(9@)] (refer to Table 9)
@k

6b) [£(2k>(x)] (-T)[A(zk 2)( ] (refer to Table 9)

7) Loy = fr(Lok—2) (refer to Table 9)

8) cvor, = gr (o2 (refer to Table 9)

9) end for loop

10) Output:A(z) = A®(z), I'(z) = TP ().

In the modified algorithm, the number of iterations has
been reduced to, while the complexity of each iteration
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Table 9 UpdatingA(x), B(z), and L for the BM
Algorithm, WhereG(z) = 1 + AL, Bag—
andG1(z) = Bop_122 + Agp_12

Condition Mk(:L') fk(LZk_g) gk(a%_g)
1 0
b1 b0 { 0 z? jl Lk—» Qok—2
—_—— 1 Sopz? -1
bl bO b2 62_k1 0 2k — sz_g 62k M2k
2

b1 B0 b2 [ é 62;21 :I Lak_2 Qap—2
T I G(Z) Az)c_lx —
bl b2 I: zAz_kl—1 0 ] 2k — 1 — Log—» Azk 10
— 1 1
bl b2 { 0 Gz(zz) ] L2 Q2k-2

has increased. It is important to note that the available con-
currency in each iteration has also increased. For example,
steps 2a), 2b) and 2c) can be performed in parallel.

2) Speeding Up the Syndrome and Error Computatidine
syndrome and error computations can be transformed more
easily to obtain concurrency. The syndrome computation
involves the computation oft components of a discrete
Fourier transform over a Galois field

n—1
5= 3 aitty,
=0

If Horner's rule is used to compute each of tBe syn-
dromes, thenn iterations are required to complete the
computation. We can reorganize (63) as

forj=0,1,---,(2t—1). (63)

L(n+1)/2] ' [n=1)/2] '
S; = Z Q2 OFD o 4+ QP Z Q2+
1=0 1=0
(64)

so that the number of iterations required gets halved (for
details see [124]).
The error computation can be written as

o {0 if A(a™%)#0

#A({r) if Ala=)=0
where A(x) is the error locator and'(x) is the error
evaluator polynomial [115]. If we assume that the errors are
computed sequentially, theniterations are again required.
If we computees; andez;41 in parallel, then the number of
iterations can be halved at the cost of increased complexity
(for details, see [124]).

To illustrate how these transformations can affect the
VLSI design, we apply them to the pipelined design in
Fig. 29. Each of the pipelined stages is implemented as a
finite-state machine. In general, the modified design has
a critical path7” that is longer than the critical patt
of the normal design. Obviously, we would like to have
T’ as small as possible. Let us assume that the design in
Fig. 29 can work at a maximum clock frequenfy= 1/T
and the modified design in Fig. 30 at a maximum clock
frequencyf’ = 1/7”. We can operate the modified design

(65)
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Fig. 30. Modified pipelined RS decoder.

in two modes—high speed and low power. In the high-

paths at timeg+-1. A Viterbi decoder (VD) that implements

speed mode, the throughput can be improved by a factorthe VA can be divided into three units [106].

of 2 f'/f. In the low-power mode, it is desired that the
modified design consumes less power while maintaining
the same throughput as the normal design. The modified
design can operate at a frequen€y that is half the clock
frequency of the normal design (i.ef)’ = f/2). The
voltage of the modified design can then be scaled down
from V to V' in order to achieve low-power operation.
The voltageV”’ can be chosen [based on the delay model
in (2)] so that the critical path delay increases fr@rat

V to 7" = 2T at V'. Using (1), a simple formula can
be written for the ratio of the power consumption in the
modified design to the normal design

()2

V/

v

Pur _ Am
Py An

7 (66)
Note that we have estimated the ratio of effective capaci-
tances as the ratio of active argas) of the designs.

Based on a VLSI synthesis [124] of the normal and
modified designs from a hardware description language
specification in PARTHENON, the ratiody;/Ax was
found to be 2.37. Also, the maximum frequencies of
operation for the modified and normal circuits were found
from simulation to bef’ = 28.5 MHz and f = 33 MHz,
respectively. This gives us a throughput speed-up of 1.73
at 5 V. On the other hand, we can scale the voltage for the
modified design fromV = 5V to V/ = 3.4 V based on (2),
with V; = 0.7 V to obtain low-power operation. Using (66),
we get Py, = 0.55Py—in other words, a power savings
of about 45%.

B. Viterbi Decoding

The Viterbi algorithm (VA) has been applied to a variety
of decoding and estimation problems in communications
and signal processing. One of the most important appli-
cations of the VA is in the maximum-likelihood (ML)
decoding of convolutional and trellis codes [106]. Various
VLSI implementations have targeted high-performance sys-
tems such as terrestrial digital HDTV systems [125], code

1) Branch metric unit (BMU):The BMU computes the
Hamming or Euclidean distance [called the branch
metric (BM)] between the received noisy symbol and
the encoder output for each transition from state
statej. The branch metric for the branch from state
i to statej at timet is denoted a@?}.

Add-compare-select unit (ACSJhe ACS recursively
computes the path metrics (PIVBJ[“’I] using the
old path metrics at time according toP}“’” =
maximum value of(P! + bEtj]) over all possiblei.
Information about the surviving paths at each state is
stored in the survivor memory (SM).

Survivor memory unit (SMU)fhe SMU performs the
task of finding the decoded symbol from the surviving
sequences. It has been shown that the surviving paths
merge with high probability when traced backwdrd

(> 5v) steps [106]. The SMU uses this property to
find the decoded symbol after a decoding delay.of
steps.

2)

3)

The most important parameters in the design of the VD
are the constraint lengtlr and the rate of the cod&.
As v increases, codes with largéf,... can be found and,
therefore, the probability of erroP, can be expected to
decrease dramatically [106]. The number of stades=
2% increases exponentially, causing the complexity of the
VD also to increase exponentially. The raeaffects the
complexity of the ACS computation. For aR = k/n
code, the ACS computation has to add, compare, and select
among?2® paths for each of theV states. This means that
the complexity of the ACS unit grows exponentially with
k, the size of the input alphabet.

Viterbi decoders can be classified according to the num-
ber of ACS units as followsstate serial decoder@n which
a single ACS unit is used to perform the ACS computation
for all states)fully parallel decoderdin which each state
has an ACS unit assigned to it), amdermediate decoders

division multiple access systems [126], magnetic recording (in which several states share the same ACS unit). In
systems [127], and satellite communication systems [128]. addition, there are cascaded pipelined structures and parallel
Speed, area, power consumption, or a combination of thesepipelined cascades, in which each ACS unit is responsible
criteria were targeted depending on the application. for one of v stages [129], [130].

The VA uses the dynamic programming technique to  The SM can be implemented in two possible ways [106],
estimate the transitions of the convolutional encoder based[131], viz, exchange registe(ER) and traceback In the
on noisy observations. Given the ML paths for each of the ER scheme, the actual symbols of the surviving path are
N = 2% nodes at tim¢, the VA finds theN new optimum maintained for each state and updated at each time instant.
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This implies a great deal of exchange between the registersspeed of the ACS loop. Fettweis and Meyr [49], [145],
corresponding to different states. This is a disadvantage[146] (and, independently, Thapar and Cioffi [51] and Lin
in the VLSI implementation of VD’s for large constraint and Messerschmitt [50]) proposed the application of the
length codes because of the large chip area and powerook-ahead transformation [39] to break the ACS loop.
required. In the traceback scheme, pointers to the previous For the sake of our discussion, let us consider a parallel-
state of the surviving path (instead of the actual symbols state VD for a rateR = 1/n decoder. Thel/-step look-
corresponding to the transition) are maintained. Exchangeahead collapse&! consecutived-step trellis (normal trellis)
of data across registers is not required. The simplest ap-stages into a singlé{-step trellis stage with equivalent
proach uses a single read pointer to trace back the survivingbranch metricg; ;. The computation of;; for any transition
path [132]. The sequential process of traceback necessitatefrom state: to j can be computed in parallel by
the use of fast read operations. Thepointer algorithm normal one-step VD’s on rooted trellises [49]. Thé-step
[129], [133] traces backk survivor paths concurrently. ACS units now have to add, compare, and select among
This algorithm reduces memory requirements as well as 2 different survivor paths (i.e., the ACS implementation
alleviates the requirement of read—write pointers moving at complexity grows exponentially with/). The M -step ACS
different speeds. Hybrids between ER and traceback, suchunits can work} times slower while maintaining the same
as pretraceback and trace forward, have been proposed iroverall throughput. Alternately, if the critical path of the
[131] and utilized in [134] and [135]. M-step trellis is shorter tha®/ times the critical path of
1) Design of the ACS UnitVarious area-efficient tech- the one-step trellis, then a speed-up can be obtained.
niques have been proposed in the literature to implement We will illustrate how this look-ahead transformation can
intermediate decoder$129], [130], [134], [136]-141]. be used to obtain low-power operation. We apply a two-
These techniques attempt to reduce area by mapping astep look-ahead to the trellis of a ralgn code. Each
group of states onto a single ACS unit. Area-efficient one-step ACS unit compares and selects one of the two
techniques are useful in VD’'s for large constraint possible paths, whereas the two-step ACS unit compares
length codes [140], [141]. This is because of the high and selects one out of four possible surviving paths (see
complexity ofparallel state decoderfor such codes. Area-  Figs. 31 and 32). The complexity of a one-step ACS
efficient techniques can also be used to minimize decoderunit is two adders, one comparator, and one multiplexer,
complexity [126] in moderate throughput applications. whereas the complexity of a two-step ACS unit is four
The properties of convolutional codes generated by a adders, three comparators, and three multiplexers. Let us
feed-forward shift register encoder are used to obtain andefineC; andC, as the effective capacitances of the one-
appropriate grouping of the states. The computations for Step and two-step ACS units, respectively. We neglect the
each group of states are performed by a single ACS unit. complexity of the multiplexers and consider the complexity
The grouping is chosen to minimize the communication of a comparator to be the same as an adder (in reality, it is
requirements between ACS units (to transfer path metrics) slightly less than an adder) in our estimates. We can write
as well as between ACS units and the BMU (to transfer the ratio of the power consumption of the two-step ACS
branch metrics). One of the important aspects of mapping unit to that of the one-step ACS unit as
more than one state to an ACS is that internal parallelism
is created. This parallelism allows us to pipeline the A 2
units [138], [139?. Pipeline fhe ACS B _ 9(‘@2) f2
Other complexity-reduction techniques in VD’s include P Ci\Van f
the scarce-state transition (SST) VD [142], [143] and the
use of punctured codes [144]. In the SST scheme proposedi\e approximate the rati@»/C; as the ratio of the adder
in [142], the received data are preprocessed so that the zer@omplexities of the two ACS units, so thas = 7C, /3. If
state becomes more probable when compared to other statewe assume a parallel-state decoder and that the ACS unit
in the absence of channel errors. This fact can be used tois not pipelined, then we can write the critical path of the
simplify the VD and thus obtain low-power operation. In two-step ACS in terms of the one-step AQ% = 3—? To
[144], high-rate punctured codes are constructed by deletingobtain low-power operation, the supply voltage of the two-
bits periodically from ratd /»n codes. This permits us to use step ACS can be scaled frofg; = 5 V to Vygo = 4.05
the simple VD’s of ratel/n codes to decode higher rate V. The value forVyq» is chosen based on the delay model
punctured codes. in (2), with V; = 0.7 V, so that the critical path of the two-
For high-throughput applications, fully parallel decoders step ACS become$; = 277 at V,42. Using these values
need to be used. Speed-up techniques need to be applieth (67), we getP, = 0.77P,—in other words, a power
when throughput requirements cannot be directly satis- savings of 23%. If we further assume that we have external
fied by parallel-state decoders. The ACS unit essentially parallelism in the form of interleaved independent streams
performs a recursive operation that is not easy to speed[50], [138], then pipelining can be used in the ACS unit so
up. On the other hand, the BMU and the SMU can be that7, = 7;. Based on (2) and (67), we obtdifj > = 3.08
sped up by using various techniques for feed-forward V and P, = 0.44P,—in other words, a power savings of
computations, such as parallelism and pipelining [41]. The 56%. Note that in these estimates, we have considered the
throughput of the decoder is therefore constrained by the ACS unit only.

(67)
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V. ADAPTIVE FILTERING PM |

Adaptive filtering is a major signal-processing compo- BM |
nent in a variety of communications systems. Adaptive _—
filtering is used in channel equalization to compensate
for the distortion introduced by the channel as well as
to suppress noise and interference from other users. For BM
example, in xDSL systems, adaptive filtering is employed
in equalization/cancellation schemes to combat intersymbol
interference, echoes, and cross talk [147]-[150]. In wireless rig. 31. Normal one-step ACS unit.
systems, adaptive equalization is used to combat time
dispersion caused by multipath propagation [107], [151].

Linear adaptive filtering structures can be of two types, .,
viz, transversal and lattice. In a transversal filter, the taps ™ |
of the FIR filter are updated. On the other hand, in a lattice BM.
filter, the reflection coefficients are updated. Linear filtering
structures do not perform well when they are used to pum |
equalize channels that have spectral nulls in their frequency gy | Add
response or have severe amplitude distortion [152]. One of |
the commonly used nonlinear filter structures isdbeision
feedback equalize(DFE). The DFE consists of éeed-
forward equalize(FFE) that performs FIR filtering on the
input data and #eed-back equalizglFBE) that attempts to ~ BM|
cancel the effect of the past symbols (postcursor intersym-
bol interference) on the present symbols. The most common py,
adaptation algorithms are the LMS and the RLS algorithms ;\; Add
[153]. Various VLSI implementations of adaptive filters can — |
be found in [154]-[159].

One common complexity reduction technique for long
adaptive filters is to perform adaptive filtering in blocks.
The block adaptive filters can then be transformed into the
fr n main [160]. Th tive filter computation
C:glé)ee Sgrgoc;mgd e[ﬁii?(lntly ien ?ﬁ:ﬁ‘)reqeuen(e:y Z?ng?nau;n; retiming [161] these delays, we can pipeling the FIR filter
the FFT. In fact, equalization and echo cancellation in the (ar_1d therefore the error feedback loop). This approach of
discrete multitone (DMT)-asymmetrical (A)DSL standard using delayed versions of the error was generalized into

are performed in the frequency domain [149], [150]. The the delay-relaxation te(_:hnique_ that can also b_e appli(_ed to
cyclic prefix in DMT-ADSL enables simple equalization the DFE. Note that this pipelining speed-up is obtained

and echo cancellation in the frequency domain. at the cost of a small loss in tracking performance [52],
The main problem in the high-speed VLSI implementa- [162] as well as increased complexity due to Fhe pipelining
tion of adaptive LMS transversal filters is the existence of !atches. Thel-step look-ahead transformation [41] has
nonlinear feedback loops, in particular, the weight-update €en applied to the weight-update LMS recursion. Look-
loop and the error-feedback loop [42]. The weight-update ahead introduces// delays that can then be retimed to
loop arises from the fact that the adaptive filter weights Pipeline the feedback loop. The complexity of the look-
need to be updated before the next filter output can be@head recursion increases linearly with. This has been
computed. The error-feedback loop occurs because the erroRddressed in [42] by applying sum relaxations. The
must be computed before the weights are adapted and thétep look-ahead transformation has also been applied to the
next filter output computed. The error itself is computed lattice filter reflection coefficient recursion in [42] and [53]
using the output of the filter and the decision device. The to obtain M-fold speed-up.
speed of DFE’s is also constrained by similar recursive Once the look-ahead transformation has been applied to
loops [42]. the recursion to facilitate pipelining, the speed-up obtained
The lattice filters (whether they use gradient or RLS can be traded off for low-power operation by voltage
adaptation algorithms) have localized recursive loops. The scaling. In fact, Goel and Shanbhag [163] have applied
reflection coefficients of a particular stage of the lattice are the relaxed look-ahead technique in combination with the
updated using the prediction error outputs of the previous strength reduction transformation [41] to obtain a pipelined
stage of the lattice at the previous instant [153]. The low-power architecture for the cross-coupled LMS QAM
throughput is again constrained by the feedback loop. equalizer. The authors exploit the properties of the cross-
The transversal LMS algorithm can be transformed into coupled equalizer at the algorithm level to obtain complex-
the delayed LMS algorithm [52] by using delayed versions ity reduction by strength reduction.

Add

Add

Add

Compare ——

PM

Add

urvivor

Fig. 32. Two-step look-ahead ACS unit.

of the error and data in the weight vector update. By
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Fig. 33. IR DCT architecture under fixed-point implementation.
VI. FINITE-PRECISION ANALYSIS OF Fig. 33, H.;(») is given by
THE MULTIRATE APPROACH 1

In this section, we will show that if designed care- Heg(z) (71)
fully, the finite-length numerical property of the multirate
approach can be very good. We use the finite-precision
analysis of multirate DCT architectures as an example. We B 1
start with the DCT architecture under normal operation, heg(n) = sin(2wy,)
then extend the analysis to the low-power design with
M = 2. The general results for arbitrarj/ are also
presented. Throughout the derivations, the “statistical error

model” for fixed-point analysis is used [38, ch. 6].

~1—2cos 2wzl 4 272

and h.s(n) can be derived as
sin[(n + 1)2wiu(n) (72)

wherew(n) denotes the step function. Since ody itera-
tions are performed in the IR circuit, the mean and variance
of f(t) of the kth DCT channel can be computed as

N—-1

A. Analysis of the IIR DCT Using Direct Form | Structure = e ZO hep(n)
When the IIR DCT architecture of Fig. 14 is implemented :}_1
in fixed-point operations, we need to perform suitable = m, Z ;Sin[(n+1)2wk] (73)
scaling operations to avoid overflow. Also, rounding errors for sin(2wr)
occur due to the fixed-point operators. The resulting fixed- N-—1
point IR structure to compute thith DCT coefficient is afc =02 Z |hes(n)|?
shown in Fig. 33. n=0
1) Rounding Errors: Using the statistical error model, o2 N
the rounding error of the IIR DCT structure can be modeled =—— Z sin’[(n + 1)2w;]
as sin”(2wy,) =
o? N
e(t) = e1(t) + ex(t) (68) = sin?(2wy,) <5> (74)
where ¢;(¢) is the rounding error caused by thign mul- where m. = E{e(t)} = 0 and 02 = E{3(t)} =
tiplier in the structure and the mean and variance of the E{ef(t)} + E{e3(¢)} = (1 + Ny(k))o%k; Ns(k) is the
rounding error are given by [38, ch. 6] number of the noise sources contributed by the multiplier
028 My = 2cos(2wy) in the 1IR loop
mp = Blei(t)} =0, of =E{c(t)} = 9 (69) 4, if |2cos(2wi)| > 1,
Ny(k) =<1, if |2cos(2uw)| < 1, (75)
respectively. Due to the presenceddt), the actual output 0, if |2cos(2wr)| = 1.

of the DCT module afte®V iterations can be represented as .
Now, based on (73)—(75), we can represent the total noise

Xperi(t) = Xper () + f(1) (70) power at thektth DCT channel as
_ _ N(Ns(k)+1) <2—2’3>
: Pr=mj+o}= . 76
where f(¢) is the output error contributed by(z) p=ms+ oy 252 (2om) B (76)

Let H.;(z) denote the transfer function of the system
from the node at whicle(?) is injected to the output and As we can see, given the system word lengh the
hey(n) be the corresponding unit-sample response. From rounding error grows linearly with the block siZé. This
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Table 10 Optimal Word-Length Assignment Under the Constraint SNRO dB, WhereB 4 Is
the Average Word Length. (a) Normal IIR DCT. (b) Low-Power DCT with = 2

DCTchannel [ 1 [2 [ 3[4 [5[6]7[8 ]9 [10[11]12]13]14[15] Ba
(NB:k 8) 1211109 (101112 N/A 10.7
(NB:H)‘) 13121211 |11 |10|10]{10|10]10 |11 |11]12]| 12|13 | 11.2

(@

Dc(;flci"“;)“el 123|456 7|8|ojw|11|{12|13|14]|15] Ba
(NB=’° 8) 109101110910 N/A 9.9
(Niklﬁ) 12111010 |10 |11{12 12|12 |11 |10 |10 |10 | 1L |12 | 109

(b)

indicates that we will have 3-dB degradation in the SNR as  3) Optimal Word-Length AssignmenAssume that the in-
N doubles; however, such degradation can be compensategut sequence(t) is uniformly distributed ovef—1, 1) with
by adding1/2 (in average) bit in the word length. On zero mean. From (76), (79), and (80), we have

the other hand, the noise power is inversely proportional . . 9

to sin?(2wy,). That is, the effect of the rounding error in  SNR = s2 E{(Xpcrn(t)?} _ _8sin"(2wy) . 92B—2K
each channel of the IIR DCT greatly depends on the pole Py N(Ns(k) +1) 81
locations of the IIR transfer function. The closgy;, is to (81)
zero orm, the larger the rounding error. As a result, the
first and last DCT channels suffer most from the finite- E{(Xpcrx(t )) }= E{a: )}y = 1/3
word-length effect, while the middle channels have good k=1,2--- . N—1 (82)
SNR in terms of rounding error. This phenomenon is quite o
different from what we have seen in other DCT algorithms s used. If we want to achieve a performance of 40 dB in
(e.g., [164, Fig. 7]). SNR for thekth DCT component, the optimal word length

2) Dynamic Range:In fixed-point arithmetic, the input B, for that channel can be computed from (81) as
sequencex(t) is represented as a fraction and is bounded

. <2
by |z(t)] < 1. Hence, the dynamic range of the circled By — 4 —logyg [sin(2wr) - wrag (k)+1_)]

where the fact that [164]

= . (83
nodes in Fig. 33 can be computed as 2 -logp2 (83)
Dy =2 As an example, thé,, for the caseV = 8 and16 under the
Dy = max{Xpcr ()} constraint SNR= 40 dB are listed in Table 10(a), where
N1 B, denotes the average system word length. As we can see,
k) Z | cos[(2n + Dwg]| (77) B4 = 12 bits is sufficient to meet the accuracy criteria.
n=0

. . L B. Analysis of the IIR DCT Using Direct Form Il Structure
and the dynamic range of the overall architecture is given _ o
by Given the IIR DCT transfer function in (20), we can also

implement it using the direct form Il structure, as shown in
D = max{Dy, D>}. (78) Fig. 34. Following the derivations in the preceding section,

o o _ ~ the rounding error and dynamic range of the direct form ||
To prevent overflow in fixed-point implementations, a suit- strycture can be derived as

able scaling of the input signal is usually employed accord-

—2B
ing to the dynamic range of the system. In practice, the Py = (Ny(k)+1)
SNR of the scaled system, SNRvill be degraded by the 12 Nt
scaling process; it is given by [38, ch. 6] D_ max{ . (12 ; Z |sin[(2n + D], 2}
1§ 2w
SNR = s2SNR, (79) *

(84)
wheres is the scaling factor and SNRs the signal-to-noise In contrast to the direct form | structure, the dynamic

ratio of the original system. Suppose that a one-time scaling "@n9e of the direct form Il structure is affected by the

scheme is provided at the input end to avoid overflow and fctor Tsm@sn N Di; that is, we will have nonuniform
is done by shifting the data to the right By bits. The dynamic ranges for different DCT channels. This feature

scaling factors can be represented as is not desirable in real implementations, even though the
’ SNR results of both structures are comparative to each
s=2"%_ whereK = [log, D]. (80) other (see simulation results in Section VI-D). It not only
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Fig. 34. 1IR DCT using the direct form Il structure.
e(t)=e ()+e ,(+e {t)
l
1
t
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IE) + (1)
2cos 40,
o
T (1)
-—>
I
1 FIR circuit 1IR circuit
f | — {/2
Operating Frequency I Module Mg Jork=1.2,..., N-1

Fig. 35. Low-power IIR DCT architecture with\/ = 2.

requires a different scaling scheme in each DCT channeland the total iteration is reduced f§/2. Thus, the total
but also makes the data interface between VLSI modulespower of the rounding error at the output becomes
complicated.

Nj2-1
oF =02 > |hes(m)
C. Analysis for the Low-Power IIR DCT with/ = 2 ";0 )
Consider the multirate IIR DCT architecture wiff = - 20—6 <E> - %_ (88)
2 in Fig. 35. In the fixed-point implementation of the sin”(dwy) \ 4 4sin”(dwy)

multirate DCT architecture, the injected rounding error can grqm (88), we observe the following.
be modeled as
1) Although the total number of noise sources increases,
e(t) = e1(t) + ea(t) + es(t) (85) the total nqise power is compensated by the halved
number of iterations.

where ¢;(¢), i = 1,2,3 denotes the rounding errors con-  2) Compared with the factar/(sin(2ws)?) in (76), the

tributed by the three multipliers in Fig. 35, and its power factor1/(sin(4wy)?) in (88) will have a similar effect
is given by on the SNR of each DCT channel but with halved
period.
2 2 2
e = E{c’ (D)} = (2 + Ni(k))og- (86) Next, let us consider the dynamic range of the low-

power DCT structure witl\/ = 2. We apply the technique

Note that of “superimposition” to analyze the dynamic range of the
system. Namely, we first set,(¢) to zero while analyzing
Hop(z) = 1 (87) the dynamic range contributed by (¢). Then we perform
1 —2cosdwpz™t + 272 the same analysis for,(¢) by settingz.(¢) to zero. The
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Fig. 36. Average SNR as a function of DCT channel number under fixed-point arithmetic
(N =16,B = 12). (a) Normal IR DCT using direct form | structure. (b) Normal IIR DCT using
direct form Il structure. (c) Low-power DCT with/ = 2. (d) Low-power DCT withM = 4.

overall D can be found from the summation of the two The above analyses can be extended to low-power DCT

dynamic ranges, which is given by designs with decimation factor equal 4 (M > 2, M €
+z i
Di = 20(k)(| cos wa| + | cos 3wr) 2743, The results are given by
N/2-1 N 012%
Dy=0(k) 3 (Jcos[(dn + L] Py = (M + N.(R)) <2m+1) S22y
n=0 M—1
+ | cos[(4n + 3)wi]|) Dy =M-C(k) > |cos[(2n + Dwr]]
D = max{Dy, D>}. (89) n=0
. . . H—lp—1
Using the analytical results in (88) and (89), we can also d I )
find the optimal word lengths foV = 8 and 16 under Dy = C(k) Z Z | cos[(2"n + 20 + L]
the 40-dB SNR constraint. The results are listed in Table n=0 =0
D = max{D;, D>} (90)

10(b). It is interesting to note that the average word lengths
of the multirate DCT architectures are even less than those
of the normal DCT architectures. This is due to the fact

that the number of the iterations in the IIR loop will be _ )
reduced taV/M. As M increases, the accumulation of the D- Simulation Results

rounding errors becomes smaller and thus, less word length To verify our analytical results, computer simulations are

can be allocated. This indicates that the multirate DCT carried out by using the aforementioned DCT architectures.
architecture not only can reduce low-power consumption Fig. 36 shows the average SNR as a function of the DCT
but its numerical properties also become better Ads channel numbek. As we can see, there is a close agreement
increases. between the theoretical and experimental results. Basically,

wherem = log, M.
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Fig. 37. Average SNR as a function of word length under fixed-point arithnigtic= 16). The
multirate low-power architectures have better SNRAdsincreases.

the SNR distribution is affected by the factan® (2 wy,)

in (90) so that its period varies with the decimation factor
M. It should be noted that although Fig. 36(a) and (b)
yield similar SNR results, the uniform dynamic range of the
direct form | structure makes it a better choice for VLSI

grammable computational modules and one reconfigurable
interconnection network. Each computational module can
be adaptively changed to the basic PE in each desired DSP
function by setting suitable parameters and switches. Next,
according to the data paths, the interconnection network

implementations. is configured to connect/combine the appropriate module
Fig. 37 shows the relationship between the average SNRoutputs to perform the programmed function. When the
and the word length for three IIR DCT architectures (nor- system is in the execution mode, all PE’s are operating
mal, M = 2, and M = 4) with N = 16. Compared to  in parallel, and the output data can be collected by the host
the simulation results in [164], these IIR DCT architectures processor in a fully pipelined way. Since the properties
give comparative SNR performance to the DCT architec- of each programmed function such as parallelism and
tures by Hou [61] and Lee [62] under fixed-point arithmetic. pipelinability have been fully exploited, the maximum
Itis worth noting that the multirate DCT architectures have processing speed of the proposed design can be as fast
better SNR results than the normal IIR DCT architectures a5 dedicated ASIC designs. Our approach is similar to
under the same word length; That is, the multirate DCT the CORDIC-based FIR, IR, and DCT architectures in
has better numerical properties under fixed-point arithmetic, the |iterature [48], [167], [168], but the functionality is
which is consistent with what we have seen in Table 10. uch more general purpose. It can be classified as the
algorithm-drivensolution [169] since the programmability
VIl. A RECONFIGURABLE MULTIRATE and ASIC-like processing speed of our design are achieved
DSP MMPUTING ENGINE by fully exploiting the inherent properties of the given

In this section, we present a unified approach to in- DSP algorithms. Besides, the proposed architecture is very
tegrate the rotation-based FIR/IIR structure, QMF lattice Suitable for VLSI implementation due to its modularity and
structure [165], DT architecture [60], [70], and adaptive regularity.

RLS lattice filter [166] into one reconfigurable parallel ~ Next, we will show how to improve the speed perfor-
processing architecture. It can serve as a computing en-mance of the system by using the multirate approach. Thus,
gine in the audio/video system to perform those front-end we can speed up the system at the algorithmic/architectural
computationally intensive DSP functions in multimedia level without using expensive high-speed circuits nor ad-
applications. We first extract the common inherent features vanced VLSI technologies. We will show that we can map
of each function, then design a programmable rotation- the multirate FIR/IIR/DT operations onto our design. As a
based computational module that can serve as a basic PEesult, we can double the speed performance of the DSP
in all desired functions. The overall system of the proposed computing engine on the fly by simply reconfiguring the
DSP computing engine consists of an array of identical pro- programmable modules and the interconnection network.
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As discussed before, such a speed-up can be used for

compensation of low-power operation. In what follows,

we will present the design approach as well as the basic

operations of the DSP computing engine. For details of
this DSP engine design, the readers may refer to [170].

A. Basic Computational Module in the FIR/QMF/IIR/DT

1) Basic Module in FIR and QMF:The FIR filter is
widely used in DSP applications. In addition to the MAC
implementation of the filtering operation, an alternate
realization of the FIR filter is the lattice structure [171,
ch. 10]. It consists ofN basic lattice sections that are

[ 1]
12 1|

Rotation circuit

x(m) — Yo ()

y, (m)

Fig. 38. Second-order IIR lattice architecture.

connected in a cascade form. Each lattice module has

one rotation-based circuit plus two scaling multipliers. In
general, the rotation circuit can be implemented by the
CORDIC processor imyperbolic modg48].

The QMF plays a key role in image compression and

subband coding. Recently, the two-channel paraunitary

QMF lattice was proposed [165]. It has been shown that
every two-channel (real-coefficient, FIR) paraunitary QMF

bank can be represented using the QMF lattice. The QMF

lattice is very similar to the FIR lattice except that the inputs

of the lattice become the decimated sequences of the inpu
signal. Besides, the two scaling multipliers are set to one

and the CORDIC processor works in thicular modein
the QMF lattice.

2) Basic Module in IIR: Next, we want to consider the
basic module for IR filtering. Due to the opposite data
flow and the irregularity of the autoregressive moving
average IIR lattice structure (see [171, ch. 10]), it is difficult
to incorporate the traditional IIR lattice module into our
unified design. Therefore, we are motivated to find an
IIR lattice structure that has similar data paths as in the
FIR/QMF lattice while retaining the property of modularity.

Fig. 38 shows the lattice structure that can be used

to realize a second-order IIR filter [170]. The transfer
functions of the two outputs are given by

~ _ Yo(z)  r(kocos+ kysind) — r?kozt

Holz) = X(z) 1—2rcosfz7t +72z72 (1)

- Yi(2)  r(kicos® — kosin®) — r?k; 27t

Hi(z) = = . (92
1) X(2) 1—2rcosfz 1 +7222 (02)

Now, given an even-order real-coefficient IR (ARMA)
filter H(z), we can first rewrite it in cascade form

N/2-1

H(z) = [[ Hi(»)

=0

(93)

and each subfilteH;(z) is of the form

G +diz 4272
1+a;271 +b272

d,+ ezt
1+a;z271+b,22
=+ 2T Ai(2)

}J;(Z) =

¢ +z7t
(94)

whered, = d; — a;c; ande}, = ¢; — b;c;. Comparing (91)
and (92) with (94), we see that;(z) can be realized by

1194

either Hy(z) or H,(z), with appropriate settings df, k1,
r, and 6.

Now, based on (93) and (94), we can realiZéz) using
the structure depicted in Fig. 39. Each stage performs the
filtering of H;(z) for ¢ =0,1,---,N/2 — 1, where 4;(z)
is realized by the second-order IIR module in Fig. 38. Note
that the scaling multiplier; is also realized by the IIR
module by settingky = ¢;, k1 =0, » =1, § = 0 and
disconnecting the feedback data paths. We use a dashed

tbox to symbolize this implementation.

3) Basic Module in Discrete Transformdn Section IlI-
B, we have presented an IIR-based unified transform-
coding architecture that is capable of performing most of
the discrete transforms. However, the IIR-based module
used in Fig. 17(a) is not applicable to the programmable
architecture proposed here. To incorporate the unified DT
operations into our design, we need a rotation-based compu-
tational module instead of the IIR-based one in Fig. 17(a)
as the processing element.

In [60] and [70], a rotation-based module was derived
for the dual generation aK¢x(¢) and Xs 5 (¢) in (30) and
(31) (see Fig. 40)

_ | Jox
b= [fl,kl

cos(2wy,)
— sin(2wy)

_ |:/3COS((2L + Dwy + 77k):|
Bsin((2L + Dwi + me)

|

The rotation-based module works in an SIPO way as the
IIR-based module in Fig. 17(a). The operation of the unified
rotation-based DT architecture is the same as the unified
architecture in Fig. 17(b) except that the [IR-based modules
are replaced with the rotation-based modules.

4) Unified Module Design:From the basic computational
modules discussed above, we observe that all the archi-
tectures share a common computational module with only
some minor differences in the data paths, the module
parameters (multiplier coefficients and rotation angle), and
the way the modules are connected. With this observation
in mind, we first integrate those basic computational mod-
ules into one unified programmable module, as shown in
Fig. 41. It consists of six switches, four scaling multipliers,
and one rotation circuit. One pipelining stage (the dashed
line in Fig. 41) is inserted after the scaling multipliefis;
and f, ;, respectively, to shorten the critical path of the

sin(2wy,)

cos(2wy,) (95)

|
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module for the FIR/QMF/IIR/DT operations can be found
in [170].

B. Operation of the DSP Computing Engine

In the previous section, we have derived a unified pro-
grammable module that can be used as the basic PE in
the operations of FIR/QMF/IIR/DT. Since in each function
of the FIR/QMF/IIR/DT the basic PE’s are connected in
different way, we employ a reconfigurable interconnection
network to perform the connection task. Fig. 42 shows the
overall architecture of the proposed DSP computing engine
under FIR filtering mode. It consists of two parts. One

Fig. 39. IR (ARMA) structure based on the second-order IIR lattice module.
Rotation circuit
f(),k cos2@
x(n)— —> D i > XD
Sin2Q,
£ - sinZ(ok
1k ~
1> O— XS t)
cos2(x)k K
=T
12|

Fig. 40. Rotation-based module for the dual generation of
4\—(;5/€(t) andXs,k(t).

programmable module. By setting the switches, multiplier
coefficients, and rotating angle, the unified programmable
module can be programmed to act as the basic PE in
FIR/IQMF/IIR/DT.

The six switches {ys1s2535485] control the data paths
inside the module. The switch paig and s; select the
input from eitherin; or in}. Switchess, and s decide if
the delay element is used or not. With the settings = 11,
the delay element in Fig. 39 can be incorporated into the
module A;(z). Therefore, we do not need to implement the
delay elements explicitly in the IIR filtering operation. The
last switch pair iss; ands;. They control the two feedback
paths in the module. Whesys; = 11, the delayed module
outputs are added with the current inputs as required in
the IIR and DT operations. The two multipliers; at the
outputs of the rotation circuit are required only when we
want to incorporate IIR function into this unified module
design.

In addition to the data paths, we also need to set the
values of the scaling multiplierg, ;, fi;, andr;, as well
as the rotating anglé;. For the FIR/QMF filtering, these

parameters can be easily computed using the formula in [43,

ch. 6] and [171]. For the IIR/DT operations, we can apply
the results in Sections VII-A2 and VII-A3 to compute those

is the programmable module arrawith identical unified
programmable modules. The other is tkeonfigurable in-
terconnection networkyhich connects those programmable
modules according to the data paths. In the FIR/IQMF/IIR
operations, the data are processed in a serial-input serial-
output way. Hence, the programmable modules need to
be cascaded for those operations. For example, the FIR
modules can be connected by setting the interconnection
network as shown in Fig. 42. Similarly, we can also realize
the connections of the IIR modules in Fig. 39 by using the
network setting as shown in Fig. 43. On the other hand,
the DT architecture in Section VII-A3 performs the block
transforms in an SIPO way. The interconnection network is
configured according to the combination functions defined
in Table 5.

The operation of the DSP computing engine is as follows.
During the initialization mode, the host processor will
compute all the necessary parametérs:,§; according
to the function type (FIR/QMF/IIR/DT) and the function
specification. Next, the host processor needs to configure
the interconnection network according to the function type.
Once the computing engine has been initialized, it enters
the execution modeln the applications of FIR/IIR/QMF,
the host processor continuously feeds the data sequence
into the computing engine. All PE’s are running in parallel,
and the host processor can collect the filtering outputs in a
fully pipelined way. In the block DT application, the block
input data is fed into the computing engine serially. Each
PE of the programmable module array updaXes; (t) and
Xsx(t) in (30) and (31)k = 0,1,---, N — 1, simultane-

parameters. The complete settings of the programmableously. After the last datum enters the programmable module
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Fig. 41. (a) Programmable module to perform the FIR/QMF/IIR/DT. (b) Switches used in the
module.

array, the evaluation of DT coefficients is completed. Then resulting architecture is depicted in Fig. 44(a), whég

the interconnection network will combine the module out- £;, andARi correspond to théth basic modules used in
puts according to the combination function defined in Table Ho(z), H(z), andH;(z), respectively. Note that each basic
5, and the transform coefficients can be obtained in parallel FIR module can be realized by the unified computational
at the outputs of the network. At the same time, the host module in Fig. 41. Hence, we can map Fig. 44(a) onto our
processor will reset all internal registers (delay elements) computing engine design with the mapping

of the programmable modules to zero so that the next block R, — My, R, — Msyq, R — Msipa  (96)

tran.sform can be con.ducted'immediately. The detailgd for i = 0,1,---,N/2 — 1. Fig. 44(b) illustrates the re-
settings of the gomp_utmg engine as well as some des'gnalization of a multirate sixth-order FIR by using nine
examples are given in [170]. programmable modules. The detailed settings are described
C. Speed-Up of the DSP Computing Engine in [170].

Using Multirate Approach The operation of the DSP computing engine to per-
form multirate FIR filtering is as follows. Once the pro-
grammable modules and interconnection network have been
initialized, the host processor sends datafatate to the

In preceding sections, we have shown that the mul-
tirate approach provides a direct and efficient way to

aghieve .very-high-speed data progessing at t.he algorith'downsampling circuit in Fig. 10. Then the outputs of the
m|c/arch|FecturaI level. Th_erefore,_ if we can find a way downsampling circuitz;(n),i = 0,1,2 will be processed
to reconfigure the computing engine to perform multirate by the three FIR subfilters in parallel at onfly/2 rate. After
operations, the speed performance can be further improvedsne supfilter outputsi(n) are generated, the FIR filtering
In what follows, we will show how to map the multirate FIR outputy(n) is reconstructed through the upsampling circuit
architectures in Fig. 10 to our computing engine design. i, 5 fully pipelined way, and the data rate 9fn) is back
Since processing elements now operate at only half of £,. Since all PE’s are running in th& /2 region, now
input data rate, the speed performance of the proposedihe data rate is twice as fast as that in Fig. 42. Namely,
DSP engine can be doubled on the fly based on the sameye double the speed performance at the architectural level
programmable modules and interconnection network. The without any specially designed high-speed circuits. Since
same principle also applies to the low-power operation.  we needN/2 modules for the implementation of each
To map the multirate FIR architecture to our design, subfilter, a total of3V/2 modules will be used to perform
we first find the three {//2)th-order FIR subfiltersdo(2), an Nth-order multirate FIR filtering operation; i.e., we only
Hi(z), and H(z) & Ho(z) + Hi(2) given FIR transfer  need 50% more PE's for the doubled speed performance.
function. Then we can implement each subfilter using the This overhead is handled by simply activating more PE’s
FIR lattice structure discussed in Section VII-Al. The in the programmable module array and reconfiguring the
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Fig. 42. Overall architecture of the DSP computing engine for FIR filtering.
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Fig. 43. Overall architecture of the DSP computing engine for IR (ARMA) filtering.

interconnection network instead of implementing new types the IIR lattice structure in Section VII-A2. The mapping
of PE’s and a new interconnection network explicitly.

Similarly, the multirate IIR filtering operation can be

of the multirate DT architecture, QR decomposition least
squares lattice adaptive filtering [166], and DCT-based ME

mapped to the unified design by finding the polyphase com- scheme [46] is also achievable. The readers may refer to
ponents of the IIR function and realizing each subfilter with [170] for details.
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Fig. 44. (a) Multirate FIR filtering based on the FIR lattice structure. (b) Mapping part (a) to
the unified computing architecture.

VIIl. CONCLUSION cluding the design of multirate DSP architectures, a unified
architecture with speed-up capability, and source/channel-
coding architectures. The proposed multirate approach pro-

sign technlqge, the multirate approach, 0 .achlev.e IOV,V' vides VLSI system designers and algorithm developers
power and high-performance computations in multimedia ; a\, design tool in compensating the speed penalty

applications. We illustrate this new design concept by jn addition to the existing techniques such as parallel
applying it along with other low-power/high-performance processing and pipelining. Besides the application to low-
methods such as look-ahead and pipelining to several majorpower design, the proposed approach can also be readily
problems encountered in multimedia signal processing, in- used for very-high-speed data processing.

In this paper, we presented a new algorithm-based de-

1198 PROCEEDINGS OF THE IEEE, VOL. 86, NO. 6, JUNE 1998



REFERENCES

(1]

(2]

(3]

(4]
(5]
(6]

(7]

(8]

(9]

[10]

[11]

[12]

[13]

(14]

[15]

[16]

[17]

(18]

[19]

[20]

[21]

[22]

(23]

[24]

[25]

N. Weste and K. EshraghiarRrinciples of CMOS VLSI De-
sign—A Systems Perspecti?ad ed. Reading, MA: Addison-
Wesley, 1993.

A. P. Chandrakasan, S. Sheng, and R. W. Brodersen, “Low-
power CMOS digital design,lEEE J. Solid-State Circuitssol.

27, pp. 473-484, Apr. 1992.

J. M. Rabaey, “Low power digital design,” ifiutorials of the
IEEE Int. Symposium on Circuits and Systemksondon: IEEE
Press, 1994, ch. 8, pp. 373-386.

G. M. Blair, “Designing low power digital CMOS,Electron.
Commun. Eng. J.pp. 229-236, Oct. 1994.

Z.J. Lemnios and K. J. Gabriel, “Low-power electroniclsEE
Design Test Comput. Magvol. 11, pp. 14-23, Winter 1994.

A. P. Chandrakasan and R. W. Brodersen, “Minimizing power
consumption in digital CMOS circuits,Proc. IEEE vol. 83,
pp. 498-523, Apr. 1995.

D. Liu and C. Svensson, “Trading speed for low power by
choice of supply and threshold voltage$ZEE J. Solid-State
Circuits, vol. 28, pp. 10-17, Jan. 1993.

A. Yoshino, K. Kumagai, S. Kurosawa, H. Itoh, and K. Oku-
mura, “Design methodology for low-power, high-speed CMOS
devices utilizing SOI technology,” iRroc. IEEE Int. SOI Conf.
Palm Springs, CA, Oct. 1993, pp. 170-171.

K. Hwang, Computer Arithmetic: Principles, Architecture, De-
sign New York: Wiley, 1979.

S. A. White, “Applications of distributed-arithmetic to digital
signal processing: A tutorial review[EEE Acoust., Speech,
Signal Processing Magpp. 4-19, July 1989.

M. T. Sun, T. C. Chen, and A. M. Gottlieb, “VLSI implemen-
tation of a 16 x 16 discrete cosine transform|EEE Trans.
Circuits Syst. vol. 36, pp. 610-617, Apr. 1989.

C. T. Chiu and K. J. R. Liu, “Real-time parallel and fully
pipelined two-dimensional DCT lattice structures with appli-
cations to HDTV systems,TEEE Trans. Circuits Syst. Video
Technol, vol. 2, pp. 25-37, Mar. 1992.

V. Srinivasan and K. J. R. Liu, “VLSI design of high-speed
time-recursive 2-D DCT/IDCT processor for video application,”
IEEE Trans. Circuits Syst. Video Technolol. 6, pp. 87-96,
Feb. 1996.

F. J. Taylor, “Residue arithmetic: A tutorial with examples,”
IEEE Comput. Mag.pp. 50-62, May 1984.

M. A. Bayoumi, G. A. Jullien, and W. C. Miller, “A look-up
table VLSI design methodology for RNS structures used in DSP
applications,”IEEE Trans. Circuits Systvol. 34, pp. 604-616,
June 1987.

K. M. Elleithy and M. A. Bayoumi, “Fast and flexible architec-
tures for RNS arithmetic decodinglEEE Trans. Circuits Syst.
11, vol. 39, pp. 226-235, Apr. 1992,

Y. C. Lim and S. R. Parker, “FIR filter design over a discrete
power-of-two coefficient space/EEE Trans. Acoust., Speech,
Signal Processingvol. 31, pp. 583-591, June 1983.

Y. C. Lim, “Design of discrete-coefficient-value linear phase
FIR filters with optimum normalized peak ripple magnitude,”
IEEE Trans. Circuits Systvol. 37, pp. 1480-1486, Dec. 1990.
C.-K. Chen and J.-H. Lee, “Design of linear-phase quadrature
mirror filters with power-of-two coefficients,JEEE Trans.
Circuits Syst. | vol. 41, pp. 445456, July 1994,

J. Candy and G. Teme6yversampling Delta-Sigma Data Con-
verters New York: IEEE Press, 1991.

W. C. Athas, L. Svensson, J. Koller, N. Tzartzanis, and E. Y.-C
Chou, “Low-power digital systems based on adiabatic-switching
principles,” IEEE Trans. VLSI Systvol. 2, pp. 398-406, Dec.
1994.

K. Roy and S. C. Prasad, “Circuit activity based logic synthesis
for low power reliable operations|EEE Trans. VLSI Systvol.

1, pp. 503-513, Dec. 1993.

M. Alidina, J. Monteiro, S. Devadas, A. Ghosh, and M. Pa-
paefthymiou, “Precomputation-based sequential logic optimiza-
tion for low power,” IEEE Trans. VLSI Syst.vol. 2, pp.
426-436, Dec. 1994.

C.-L. Su, C.-Y. Tsui, and A. M. Despain, “Saving power in
the control path of embedded processol&EEE Design Test
Comput. Mag.vol. 11, pp. 24-30, Winter 1994.

L. Benini, P. Siegel, and G. D. Micheli, “Saving power by
synthesizing gated clocks for sequential circuit§EE Design
Test Comput. Magvol. 11, pp. 32—41, Winter 1994.

LIU et al: ALGORITHM-BASED MULTIMEDIA SIGNAL PROCESSING

[26]

(27]

(28]

[29]

(30]

(31]

(32]
(33]

(34]

(35]

(36]

(37]

(38]

(39]

(40]

[41]

[42]
[43]
[44]

(45]

[46]

[47]

(48]

[49]

[50]

S. Gary, P. Ippolito, G. Gerosa, C. Dietz, J. Eno, and H.
Sanchez, “PowerPC 603, a microprocessor for portable com-
puters,” IEEE Design Test Comput. Mageol. 11, pp. 14-23,
Winter 1994.

S. A. Khan and V. K. Madisetti, “System partitioning of MCM
for low power,” IEEE Design Test Comput. Magrol. 12, pp.
41-52, Spring 1995.

T. Koga, K. linuma, A. Hirano, Y. lijima, and T. Ishiguro,
“Motion-compensated interframe coding for video conferenc-
ing,” in Proc. National Telecommun. ConfNew Orleans, LA,
1981, pp. G.5.3.1-G.5.3.5.

J. R. Jain and A. K. Jain, “Displacement measurement and its
application in interframe image codindBFEE Trans. Commun.
vol. COM-29, pp. 1799-1808, Dec. 1981.

A.-Y.Wu and K. J. R. Liu, “Split recursive least-squares: Algo-
rithms, architectures, and applicationslEEE Trans. Circuits
Syst. I| vol. 43, pp. 645-658, Sept. 1996.

S. H. Nawab, A. Oppenheim, A. P. Chandrakasan, J. M.
Winograd, and J. T. Ludwig, “Approximate signal processing,”
J. VLSI Signal Processingol. 15, pp. 177-200, Jan. 1997.

L. R. Rabiner and R. W. Schafdpjgital Processing of Speech
Signals Englewood Cliffs, NJ: Prentice-Hall, 1978.

H. Li, A. Lundmark, and R. Forchheimer, “Image sequence
coding at very low bitrates: A review,JEEE Trans. Image
Processingvol. 3, pp. 589-609, Sept. 1994.

A. V. Oppenheim and H. NawalSymbolic and Knowledge
Based Signal Processing Englewood Cliffs, NJ: Prentice-
Hall, 1992.

T. H. Meng, R. Broderson, and D. Messerschmitt, “Asyn-
chronous design for programmable digital signal processors,”
IEEE Trans. Signal Processingol. 39, pp. 939-952, Apr. 1991.
K. J. R. Liu, S.-F. Hsieh, and K. Yao, “Systolic block
householder transformation for RLS algorithm with two-level
pipelined implementation,/EEE Trans. Acoust., Speech, Signal
Processingvol. 40, pp. 946-958, Apr. 1992.

C.-L. Wang, “Bit-serial VLSI implementation of delayed LMS
adaptive FIR filter,”IEEE Trans. Signal Processingol. 42,
pp. 2169-2175, Aug. 1994.

A. V. Oppenheim and R. W. SchafeRiscrete-Time Signal
Processing Englewood Cliffs, NJ: Prentice-Hall, 1989.

K. K. Parhi and D. G. Messerschmitt, “Pipeline interleaving and
parallelism in recursive digital filters—Part I: Pipelining using
scattered look-ahead and decompositidBEE Trans. Acoust.,
Speech, Signal Processingpl. 37, pp. 1099-1117, July 1989.
—, "Pipeline interleaving and parallelism in recursive
digital filters—Part II: Pipelined incremental block filtering,”
IEEE Trans. Acoust., Speech, Signal Processid. 37, pp.
1118-1134, July 1989.

K. K. Parhi, “High-level algorithm and architecture transforma-
tions for DSP synthesisJ. VLSI Signal Processingol. 9, pp.
121-143, Jan. 1995.

N. R. Shanbhag and K. K. Parhripelined Adaptive Digital
Filter. Norwell, MA: Kluwer, 1994.

P. P. Vaidyanatharyultirate Systems and Filter BanksEn-
glewood Cliffs, NJ: Prentice-Hall, 1993.

K. J. R. Liu and C. T. Chiu, “Unified parallel lattice structures
for time-recursive discrete cosine/sine/Hartley transforms,”
IEEE Trans. Signal Processingol. 41, pp. 1357-1377, Mar.
1993.

K. J. R. Liu, C. T. Chiu, R. K. Kolagotla, and J. F. Ja’ Ja/,
“Optimal unified architectures for the real-time computation
of time-recursive discrete sinusoidal transform$ZEE Trans.
Circuits Syst. Video Technplol. 4, pp. 168-180, Apr. 1994.
U.-V. Koc and K. J. R. Liu, “Discrete-cosine/sine-transform
based motion estimation,” ifProc. IEEE Int. Conf. Image
Processing Austin, TX, Nov. 1994, vol. 3, pp. 771-775.

—, “DCT-based subpixel motion estimation,” Rroc. IEEE

Int. Conf. Acoustics, Speech, Signal Processidianta, GA,
1996, pp. 1930-1933.

Y. H. Hu, “CORDIC-based VLSI architectures for digital signal
processing,”IEEE Signal Processing Magpp. 16-35, July
1992.

G. Fettweis and H. Meyr, “Parallel Viterbi algorithm implemen-
tation: Breaking the ACS-bottlenecklEEE Trans. Commun.
vol. 37, pp. 785-789, Aug. 1989.

H.-D. Lin and D. G. Messerschmitt, “Algorithms and architec-
tures for concurrent Viterbi decoding,” Proc. IEEE Int. Conf.
Communications1989, pp. 836-840.

1199



[51]

[52]

(53]

[54]

[55]

[56]

[57]

(58]

[59]

[60]

(61]

[62]

(63]

(64]

[65]

(66]

(67]

[68]

[69]

[70]

[71]
[72]

(73]

[74]

1200

H. K. Thapar and J. Cioffi, “A block processing method
for designing high speed Viterbi decoders,” Rroc. IEEE
Communications ConfJune 1989, pp. 1096-1100.

G. Long, F. Ling, and J. G. Proakis, “The LMS algorithm with
delayed coefficient adaptation|EEE Trans. Acoust., Speech,
Signal Processingvol. 37, pp. 1397-1405, Sept. 1989.

T. H. Meng and D. G. Messerschmitt, “Arbitrarily high sam-
pling rate adaptive filtering,”IEEE Trans. Acoust., Speech,
Signal Processingvol. ASSP-35, pp. 455-70, Apr. 1987.

A.-Y. Wu, K. J. R. Liu, Z. Zhang, K. Nakajima, A. Raghupa-
thy, and S.-C. Liu, “Algorithm-based low power DSP design:
Methodology and verification,” iVLSI Signal Processing VIII

T. Nishitani and K. K. Parhi, Eds. New York: IEEE Press,
1995, pp. 277-286.

H. K. Kwan and M. T. Tsim, “High speed 1-D FIR digital
filtering architectures using polynomial convolution,” Rroc.
IEEE Int. Conf. Acoustics, Speech, Signal Processibajlas,
TX, Apr. 1987, pp. 1863-1866.

Z.-J. Mou and P. Duhamel, “Short-length FIR filters and
their use in fast nonrecursive filteringJEEE Trans. Signal
Processingvol. 39, pp. 1322-1332, June 1991.

J. D. Johnston, “A filter family designed for use in quadrature
mirror filter banks,” inProc. IEEE Int. Conf. Acoustics, Speech,
Signal Processing1980, pp. 291-294.

Y. Nakamura, K. Oguri, and A. Nagoya, “Synthesis from
pure behavioral descriptions,” iigh-Level VLSI SynthesiR.
Camposano and W. Wolf, Eds.. Norwell, MA: Kluwer, 1991,
pp. 205-229.

A.-Y. Wu, K. Liu, Z. Zhang, K. Nakajima, and A. Raghupathy,
“Low-power design methodology for DSP systems using mul-
tirate approach,” ifProc. IEEE Int. Symp. Circuits and Systems
Atlanta, GA, May 1996, pp. IV.292-295.

E. Frantzeskakis, J. S. Baras, and K. J. R. Liu, “Time-recursive
computation and real-time parallel architectures: A framework,”
IEEE Trans. Signal Processingol. 43, pp. 2762-2775, Nov.
1995.

H. S. Hou, “A fast recursive algorithm for computing the
discrete cosine transform|EEE Trans. Acoust. Speech, Signal
Processingvol. 35, pp. 1455-1461, Oct. 1987.

B. G. Lee, “A new algorithm to compute the discrete cosine
transform,”IEEE Trans. Acoust. Speech, Signal Processing

32, pp. 1243-1245, Dec. 1984.

A-Y. Wu and K. J. R. Liu, “Algorithm-based low-power
transform coding architectures: The multirate approatBZE
Trans. VLSI Systto be published.

K. Konstantinides, “Fast subband filtering in MPEG audio
coding,” IEEE Signal Processing Lettvol. 1, pp. 26-28, Feb.
1994.

A.-Y. Wu and K. J. R. Liu, “A low-power and low-complexity
DCT/IDCT VLSI architecture based on backward Chebyshev
recursion,” in Proc. IEEE Int. Symp. Circuits and Systems
London, England, May 1994, pp. IV.155-158.

A. N. Skodras, “Fast discrete cosine transform pruninBEE
Trans. Signal Processingol. 42, pp. 1833-1837, July 1994.

H. S. Malvar, “Lapped transforms for efficient trans-
form/subband coding,"EEE Trans. Acoust., Speech, Signal
Processingvol. 38, pp. 969-978, June 1990.

., “Extended lapped transforms: Properties, applications,
and fast algorithms,IEEE Trans. Signal Processingol. 40,

pp. 2703-2714, Nov. 1992.

H. S. Malvar and D. H. Staelin, “The LOT: Transform coding
without blocking effects,"EEE Trans. Acoust., Speech, Signal
Processingvol. 37, pp. 553-559, Apr. 1989.

E. Frantzeskakis, J. S. Baras, and K. J. R. Liu, “Time-recursive
computation and real-time parallel architectures with appli-
cation on the modulated lapped transform,” Rroc. SPIE
Advanced Signal Processing Algorithms, Architectures, and Im-
plementations IYSan Diego, CA, July 1993, pp. 100-111.

H. S. Malvar, “Fast algorithm for modulated lapped transform,”
Electron. Lett, vol. 27, pp. 775-776, Apr. 1991.

H. Chiang and J. Liu, “Regressive implementations for the
forward and inverse MDCT in MPEG audio codingEEE
Signal Processing Leftpp. 116-118, Apr. 1996.

Z. Wang, “Fast algorithms for the discrelt transform and for
the discrete Fourier transform|EEE Trans. Acoust., Speech,
Signal Processingvol. ASSP-32, pp. 803-816, Aug. 1984.

P. Pirsch, N. Demassieux, and W. Gehrke, “VLSI architectures
for video compression—A surveyProc. |IEEE vol. 83, pp.

(78]
[76]

[77]
(78]

[79]

(80]

(81]

(82]

(83]

(84]

(85]

(86]

(87]

(88]

(89]

[90]
[91]

[92]

(93]
[94]

[95]

[96]
[97]

(98]

[99]

220-245, Feb. 1995.

E. Petajan and J. Mailhot, “Grand alliance (HDTV) system,” in
Proc. SPIE,San Jose, CA, 1994, pp. 2-15

L. Chiariglione, “The MPEG and multimedia communications,”
IEEE Trans. Circuits Syst. Video Technafol. 7, pp. 5-18, Feb.
1997.

G. Karlsson, “Asynchronous transfer of videtBEE Commun.
Mag. vol. 36, pp. 118-126, Aug. 1996.

R. Srinivasan and K. R. Rao, “Motion compensating coder for
video conferencing,TEEE Trans. Communyvol. COM-33, pp.
888-896, Aug. 1985.

K. M. Yang, M. T. Sun, and L. Wu, “A family of VLSI designs
for the motion compensation block-matching algorithiEE
Trans. Circuits Syst.vol. 36, pp. 1317-1325, Oct. 1989.

T. Komarek and P. Pirsch, “Array architectures for block-
matching algorithm,”IEEE Trans. Circuits Systvol. 36, pp.
1301-1308, Oct. 1989.

L. D. Vos and M. Stegherr, “Parameterizable VLS| architectures
for the full-search block-matching algorithm[EEE Trans.
Circuits Syst. vol. 36, pp. 1309-1316, Oct. 1989.

H.-M. Jong, L.-G. Chen, and T.-D. Chiueh, “Parallel archi-
tectures of 3-step search block-matching algorithms for video
coding,” in Proc. IEEE Int. Symp. Circuits and Systern994,
pp. 209-212.

G. Gupta and C. Chakrabarti, “VLSI architecture for hierar-
chical block matching,” inProc. IEEE Int. Symp. Circuits and
Systems1994, pp. 215-218.

S. B. Pan, S. S. Chae, and R. H. Park, “VLSI architectures for
block matching algorithms using systolic arrayEE Trans.
Circuits Syst. Video Technplol. 6, pp. 67-73, Feb. 1996.

S. Dutta and W. Wolf, “A flexible parallel architecture adapted
to block-matching motion-estimation algorithm$EEE Trans.
Circuits Syst. Video Technplol. 6, pp. 74-86, Feb. 1996.

R. W. Young and N. G. Kingsbury, “Frequency-domain motion
estimation using a complex lapped transfornEE Trans.
Image Processingvol. 2, pp. 2-17, Jan. 1993.

A. N. Netravali and J. D. Robbins, “Motion compensated
television coding—Part 1,'Bell Syst. Tech. J.vol. 58, pp.
631-670, Mar. 1979.

J. D. Robbins and A. N. Netravali, “Recursive motion compen-
sation: A review,” inlmage Sequence Processing and Dynamic
Scene AnalysjsT. S. Huang, Ed. Berlin, Germany: Springer-
Verlag, 1983, pp. 76-103.

R. C. Kim and S. U. Lee, “A VLSI architecture for a pel
recursive motion estimation algorithm|EEE Trans. Circuits
Syst, vol. 36, pp. 1291-1300, Oct. 1989.

A. Singh, Optic Flow Computation—A Unified Perspective
New York: IEEE Computer Society Press, 1991.

A. Kojima, N. Sakurai, and J. Kishigami, “Motion detection
using 3D-FFT spectrum,” ifProc. IEEE Int. Conf. Acoustics,
Speech, Signal Processinllinneapolis, MN, Apr. 1993, pp.
V213-V216.

K. R. Rao and J. J. Hwan@echniques and Standards for Image,
Video, and Audio Coding Englewood Cliffs, NJ: Prentice-
Hall, 1994.

B. Girod, Motion Compensation: Visual Aspects, Accuracy, and
Fundamental Limits Norwell, MA: Kluwer, 1993.

S.-l. Uramoto, A. Takabatake, and M. Yoshimoto, “A half-
pel precision motion estimation processor for NTSC-resolution
video,” IEICE Trans. Electronicsvol. 77, p. 1930, Dec. 1994.
K. Ishihara, S. Masuda, S. Hattori, H. Nishikawa, Y. Ajioka, T.
Yamada, H. Amishiro, S. Uramoto, M. Yoshimoto, and T. Sumi,
“A half-pel precision MPEG2 motion-estimation processor with
concurrent three-vector searcHEEE J. Solid-State Circuits
vol. 30, pp. 1502-1509, Dec. 1995.

B. Girod, “Motion-compensating prediction with fractional-pel
accuracy,”|EEE Trans. Communvol. 41, p. 604, Apr. 1993.

K. K. Parhi, C.-Y. Wang, and A. P. Brown, “Synthesis of
control circuits in folded pipelined DSP architecturetfEE

J. Solid-State Circuitsvol. 27, pp. 29-43, Jan. 1992.

J. Chen and K. J. R. Liu, “A complete pipelined parallel
CORDIC architecture for motion estimation,”#roc. IEEE Int.
Symp. Circuits and Systenidong Kong, 1997, pp. 2801-2804.
J. Chen and K. J. R. Liu, “A fully pipelined parallel CORDIC
architecture for half-pel motion estimation,” Proc. IEEE Int.
Conf. Image Processinganta Barbara, CA, Oct. 1997, vol. 2,
pp. 574-577.

[100] K. Hasegawa, K. Ohara, A. Oka, T. Kamada, Y. Nagaoka, K.

PROCEEDINGS OF THE IEEE, VOL. 86, NO. 6, JUNE 1998



Yano, E. Yamauchi, T. Kashiro, and T. Nakagawa, “Low-power
video encoder/decoder chip set for digital VCR'SEEE J.
Solid-State Circuitsvol. 31, pp. 1780-1788, Nov. 1996.

[101] R. Li, B. Zeng, and M. L. Liou, “A new three-step search
algorithm for block motion estimation,/EEE Trans. Circuits
Syst. Video Technolvol. 4, pp. 438-442, Aug. 1994.

[102] K. R. Rao and P. YipDiscrete Cosine Transform: Algorithms,
Advantages, and Applications New York: Academic, 1990.

[103] N. I. Cho and S. U. Lee, “DCT algorithms for VLSI par-
allel implementations,”lEEE Trans. Acoust., Speech, Signal [130]
Processingvol. 38, pp. 1899-1908, Dec. 1989.

[104] L. W. Chang and M. C. Wu, “A unified systolic array for
discrete cosine and sine transformEEEE Trans. Signal Pro-
cessing vol. 39, pp. 192-194, Jan. 1991. [131]

[105] S. Whitaker, J. Canaris, and K. Cameron, “Reed Solomon VLSI
codec for advanced televisioEEE Trans. Circuits Syst. Video
Technol, vol. 1, pp. 230-236, June 1991. [132]

[106] S. B. Wicker Error Control Systems for Digital Communication

and Storage Englewood Cliffs, NJ: Prentice-Hall, 1995.

T. S. RappaportVireless Communications New York: IEEE

Press, 1996.

K. Maxwell, “Asymmetric digital subscriber line [EEE Com-

mun. Mag. vol. 34, pp. 100-107, Oct. 1996.

J. B. Cain and D. N. McGregor, “A recommended error control

architecture for ATM networks with wireless links|EEE J.

Select. Areas Communol. 15, pp. 16-27, Jan. 1997.

I. S. Reed and G. Solomon, “Reed-Solomon codes: A historical

overview,” in Reed Solomon Codes and Their ApplicatidBs, [135]

P. Wicker and V. K. Bhargava, Eds. New York: IEEE Press,

1991, pp. 1-16.

E. R. Berlekamp,Algebraic Coding Theory New York:

McGraw-Hill, 1968.

J. L. Massey, “Shift register synthesis and BCH codinBEE

Trans. Inform. Theoryvol. IT-15, pp. 122-127, Jan. 1969. [137]

Y. Sugiyama, M. Kasahara, S. Hirasawa, and T. Namekawa, “A

method for solving key equation for decoding Goppa codes,”

Inform. Contro| vol. 27, pp. 87-99, 1975.

G. D. Forney, Jr., “On decoding BCH codesEEE Trans.

Inform. Theory vol. IT-11, pp. 549-557, Oct. 1965.

R. E. BlahutAlgebraic Methods for Signal Processing and Er-

ror Control Coding Berlin, Germany: Springer-Verlag, 1992.

Y. R. Shayan, T. Le-Ngoc, and V. K. Bhargava, “A versatile

time domain Reed-Solomon decodelfEE J. Select. Areas

Commun,. vol. 8, pp. 1535-1542, Oct. 1990.

[117] K. Y. Liu, “Architecture for VLSI design of Reed-Solomon

decoders,lEEE Trans. Computvol. C-33, pp. 178-189, Feb.

1984.

H. M. Shao, T. K. Truong, L. J. Deutsch, J. H. Yuen, and I. S.

Reed, “A VLSI design of a pipeline Reed—-Solomon decoder,” [141]

IEEE Trans. Computyvol. C-34, pp. 393-402, May 1985.

N. Demassieux, F. Jutand, and M. Muller, “A 10 MHz (255,

233) Reed-Solomon decoder,”Rnoc. IEEE Custom Integrated

Circuits Conf, 1988, pp. 17.6.1-17.6.4.

H. M. Shao and I. S. Reed, “On the VLSI design of a pipeline

Reed—-Solomon decoder using systolic array&EE Trans.

Comput, vol. 37, pp. 1273-1280, Oct. 1988. [143]

[121] P. Tong, “A 40 MHz encoder-decoder chip generated by a Reed-
Solomon code compiler,” ifProc. Custom Integrated Circuits
Conf, Boston, MA, May 1990, pp. 13.5.1-13.5.4.

[122] E. Berlekamp, G. Seroussi, and P. Tong, “A hypersystolic
(Reed—Solomon) decoder,” iReed Solomon Codes and Their
Applications S. P. Wicker and V. K. Bhargava, Eds. New
York: IEEE Press, 1991, pp. 205-241. [145]

[123] R. P. Brent and H. T. Kung, “Systolic VLSI arrays for polyno-
mial GCD computation,IEEE Trans. Comput.vol. C-33, pp.
731-736, Aug. 1984.

[124] A. Raghupathy and K. J. R. Liu, “Low power/high speed design

of a Reed Solomon decoder,” Rroc. IEEE Int. Symp. Circuits

and SystemsHong Kong, June 1997, pp. 2060—2063.

D.-I. Oh, Y. Kim, and S.-Y. Hwang, “A VLSI architecture of

the trellis decoder block for the digital HDTV grand alliance

system,”IEEE Trans. Consumer Electrqvol. 42, pp. 346—356,

Aug. 1996.

I. Kang and A. Willson, Jr., “A low-power state-sequential

Viterbi decoder for CDMA digital cellular applications,” in

Proc. IEEE Int. Symp. Circuits and SystenMay 1996, pp.

272-275.

C. B. Shung, P. H. Siegel, H. K. Thapar, and R. Karabed, “A

30 MHz trellis codec chip for partial-response channdEEE

[128]

[129]

[107] [133]
[108]

[109] [134]

[110]

[111] [136]
[112]

[113]

[114] [138]

[115]

[116] [139]

[140]

[118]

[119] 142]

[120]

[144]

[146]

[147]
[125]

[148]
[126]
[149]

[127]
[150]

LIU et al: ALGORITHM-BASED MULTIMEDIA SIGNAL PROCESSING

J. Solid-State Circuitsvol. 26, pp. 1981-1987, Dec. 1991.

H. Dawid, G. Fettweis, and H. Meyr, “A CMOS IC for Gb/s
Viterbi decoding: System design and VLSI implementation,”
IEEE Trans. VLSI Systvol. 4, pp. 17-31, Mar. 1996.

G. Feygin, P. Chow, P. G. Gulak, J. Chappel, G. Goodes, O.
Hall, A. Sayes, S. Singh, M. B. Smith, and S. Wilton, “A VLSI
implementation of a cascade Viterbi decoder with traceback,”
in Proc. IEEE Int. Symp. Circuits and Systervay 1993, pp.
1945-1948.

P. J. Black and T. H. Meng, “A unified approach to the Viterbi
algorithm state metric update for shift register processes,” in
Proc. IEEE Int. Conf. Acoust. Speech, Signal Processifar.
1992, pp. V.629-V.632.

—, “Hybrid survivor path architectures for Viterbi decoders,”
in Proc. IEEE Int. Conf. Acoustics, Speech, Signal Processing
1993, pp. 1.433-1.436.

C. M. Rader, “Memory management in a Viterbi decoder,”
IEEE Trans. Commun.vol. COM-29, pp. 1399-1401, Sept.
1981.

R. Cypher and C. B. Shung, “Generalized traceback techniques
for survivor memory management in the Viterbi algorithm,” in
Proc. IEEE Global Telecommunications Coribec. 1990, pp.
1318-1322.

M. Boo, F. Arguello, J. D. Bruguera, R. Doallo, and E. L.
Zapata, “High-performance VLSI architecture for the Viterbi
algorithm,” IEEE Trans. Communvol. 45, pp. 168-176, Feb.
1997.

P. J. Black and T. H. Meng, “A 140-Mb/s, 32-state, radix-
4 Viterbi decoder,”IEEE J. Solid-State Circuifsvol. 27, pp.
1877-1885, Dec. 1992.

P. G. Gulak and T. Kailath, “Locally connected VLSI architec-
tures for the Viterbi algorithm,TEEE J. Select. Areas Commun.
vol. 6, pp. 527-537, Apr. 1988.

H.-D. Lin, B. Shung, and D. G. Messerschmitt, “Viterbi de-
coders for convolutional codes,” MLSI Signal Processing IV
New York: IEEE Press, 1990, pp. 381-391.

C. B. Shung, H. D. Lin, R. Cypher, P. H. Siegel, and H. K. Tha-
par, “Area-efficient architectures for the Viterbi algorithm—Part
I: Theory,” IEEE Trans. Communvol. 41, pp. 636-643, Apr.
1993.
., “Area-efficient architectures for the Viterbi algo-
rithm—~Part 11: Applications,” IEEE Trans. Commun.vol.
41, pp. 802-807, May 1993.

F. Daneshgaran and K. Yao, “The iterative collapse algorithm:
A novel approach for the design of long constraint length
Viterbi decoders—Part I,1EEE Trans. Communyvol. 43, pp.
1409-1418, Feb. 1995.

H.-L. Li and C. Chakrabarti, “A new architecture for the Viterbi
decoder for code rate/n,” IEEE Trans. Communvol. 44, pp.
158-164, Feb. 1996.

T. Ishitani, K. Kansho, N. Miyahara, S. Kubota, and S. Kato, “A
scarce-state-transition Viterbi-decoder VLSI for bit error cor-
rection,” IEEE J. Solid-State Circuitssol. SC-22, pp. 575-581,
Aug. 1987.

S. Kubota, S. Kato, and T. Ishitani, “Novel Viterbi decoder
VLSI implementation and its performancdEEE Trans. Com-
mun, vol. 41, pp. 1170-1178, Aug. 1993.

J. B. Cain, G. C. Clark, and J. M. Geist, “Punctured con-
volutional codes of ratén — 1)/n and simplified maximum
likelihood decoding,”IEEE Trans. Inform. Theoryol. IT-25,
pp. 97-100, Jan. 1979.

G. Fettweis and H. Meyr, “High speed Viterbi processor: A
systolic array solution,TEEE J. Select. Areas Communwol. 8,

pp. 1520-1533, Oct. 1990.

—, “High-speed parallel Viterbi decoding: Algorithm and
VLSl-architecture,” [IEEE Commun. Mag.pp. 46-55, May
1989.

G.-H. Im, D. B. Harman, G. Huang, A. V. Mandzik, M. H.
Nguyen, and J.-J. Werner, “51.84 Mb/s 16-CAP ATM LAN
standard,IEEE J. Select. Areas Communwol. 13, pp. 620-632,
May 1995.

G.-H. Im and J.-J. Werner, “Bandwidth-efficient digital trans-
mission over unshielded twisted-pair wiring EEE J. Select.
Areas Communwvol. 13, pp. 1643-1655, Dec. 1995.

J. S. Chow, J. C. Tu, and J. M. Cioffi, “A discrete multitone
transceiver system for HDSL applicationsdEEE J. Select.
Areas Communyol. 9, pp. 895-909, Aug. 1991.

M. Ho, J. M. Cioffi, and J. A. C. Bingham, “Discrete mul-

1201



[151]

[152]
[153]
[154]

[155]

[156]

[157]

[158]

[159]

[160]

[161]

[162]

[163]

[164]

[165]

[166]

[167]

[168]

[169]

[170]

[171]

1202

titone echo cancellation,|EEE Trans. Communvol. 44, pp. K. J. Ray Liu (Senior Member, IEEE), for a photograph and biography,
817-825, July 1996. see p. 753 of the May 1998 issue of thisd@EEDINGS
J. G. Proakis, “Adaptive equalization for TDMA digital mobile

radio,” IEEE Trans. Veh. Technolvol. 40, pp. 333-341, May

1991.

S. U. H. Qureshi, “Adaptive equalizatiorfroc. IEEE vol. 73,

pp. 1349-1387, Sept. 1985.

S. Haykin,Adaptive Filter Theory2nd ed. Englewood Cliffs,

NJ: Prentice-Hall, 1991.

C. S. H. Wong, J. C. Rudell, G. T. Uehara, and P. R. Gray,

“A 50 MHz eight-tap adaptive equalizer for partial-response

channels,”IEEE J. Solid-State Circuitsvol. 30, pp. 228-233,

Mar. 1995. An-Yeu Wu (Member, IEEE) received the
G. Cherubini, S. Olcer, and G. Ungerboeck, “A quaternary B.S. degree from National Taiwan University,
partial-response class-IV transceiver for 125 Mbit/s data trans- R.O.C., in 1987 and the M.S. and Ph.D. degrees
mission over unshielded twisted-pair cables: Principles of op- — i from the University of Maryland, College Park,
eration and VLSI realization,|EEE J. Select. Areas Commun. _-’ p! in 1992 and 1995, respectively, all in electrical
vol. 13, pp. 1656-1669, Dec. 1995. engineering.

R. S. Kajley, P. J. Hurst, and J. E. C. Brown, “A mixed-signal During 1987-1989, he was an Army Signal
decision-feedback equalizer that uses a look-ahead architec- i Officer, Taipei, Taiwan, for his mandatory
ture,” IEEE J. Solid-State Circuitsvol. 32, pp. 450-459, Mar. -3 military service. During 1990-1995, he was
1997. "-T____. a graduate Teaching and Research Assistant
F. Lu and H. Samueli, “A 60 MBd, 480-Mb/s, 256-QAM -~ with the Department of Electrical Engineering
decision-feedback equalizer in 1.2n CMOS,” IEEE J. Solid- and Institute for Systems Research, University of Maryland. From August
State Circuits vol. 28, pp. 330-338, Mar. 1993. 1995 to July 1996, he was a Member of Technical Staff at AT&T
E. D. Man, M. Schulz, R. Schmidmaier, M. Schobinger, and Bell Laboratories, Murray Hill, NJ, working on high-speed transmission

T. G. Noll, “Architecture and circuit design of a 6-GOPS integrated circuit designs. He currently is an Associate Professor with the
signal processor for QAM demodulator applicationkgEE J. Electrical Engineering Department of National Central University, Taiwan.

Solid-State Circuitsvol. 30, pp. 219-226, Mar. 1995. His research interests include low-power/high-performance very-large-
H. Samueli, B. Daneshrad, R. B. Joshi, B. C. Wong, and H. T. scale- integration architectures for digital signal-processing applications,
Nicholas, “A 64-tap CMOS echo canceller/decision feedback adaptive signal processing, and multirate signal processing.

equalizer for 2B1Q HDSL transceiverdEEE J. Select. Areas

Commun,. vol. 9, pp. 839-847, Aug. 1991.

J. H. Shynk, “Frequency-domain and multirate adaptive filter-

ing,” IEEE Signal Processing Magpp. 14-37, Jan. 1992.

C. Leiserson and J. Saxe, “Optimizing synchronous systems,”

J. VLSI Comput. Systvol. 1, no. 1, pp. 41-67, 1983.

G. Long, F. Ling, and J. G. Proakis, “Corrections to ‘the LMS Arun Raghupathy (Student Member, IEEE)

algorithm with delayed coefficient adaptation/EEE Trans. received the B.Tech. degree in electronics and
Acoust., Speech, Signal Processingl. 40, pp. 230-232, Jan. communications engineering from the Indian
1992. 3 Institute of Technology, Madras, in 1993 and
M. Goel and N. R. Shanbhag, “Low-power adaptive filter the M.S. degree in electrical engineering from

architectures and their application to 51.84 Mb/s ATM-LAN,”
IEEE Trans. Signal Processingol. 45, pp. 1276-1290, May
1997.

the University of Maryland, College Park, in
1995, where he currently is pursuing the Ph.D.
degree.

I. D. Yun and S. U. Lee, “On the fixed-point-error analysis of 4 il ] His research emphasis is on the design of
several fast DCT algorithmsJEEE Trans. Circuits Syst. Video L low-power/high-performance very-large-scale-
Technol, vol. 3, pp. 27-41, Feb. 1993. integration signal-processing systems. His other

P.P. Valdyanathan and P.-Q. Hoang, “Lattice structures for op- interests include development of systems for digital communications and
timal design and robust implementation of two-channel perfect- multimedia applications.

reconstruction QMF banksJEEE Trans. Acoust., Speech, Sig-
nal Processingvol. 36, pp. 81-94, Jan. 1988.

I. K. Proudler, J. G. McWhirter, and T. J. Shepherd, “Compu-
tationally efficient QR decomposition approach to least squares
adaptive filtering,”Proc. Inst. Elect. Eng.vol. 138, pt. F, pp.
341-353, Aug. 1991.

H. M. Ahmed, “Alternative arithmetic unit architectures for
VLSI digital signal processors,” i'VLSl and Modern Signal
ProcessingS. Y. Kung, H. J. Whitehouse, and T. Kailath, Eds.
Englewood Cliffs, NJ: Prentice-Hall, 1985, ch. 16, pp. 277-303.
J.-H. Hsiao, L.-G. Chen, T.-D. Chiueh, and C.-T. Chen, “High
throughput CORDIC-based systolic array design for the discrete
cosine transform,1EEE Trans. Circuits Syst. Video Technol.
vol. 5, pp. 218-225, June 1995.

S. Molloy, B. Schoner, A. Madisetti, R. Jain, and R. Matic,
“An algorithm-driven processor design for video compression,” work System research group, Germantown, MD,

in Proc. IEEE Int. Conf. Image Processingustin, TX, 1994, and participated in E-TMDA and TDMA system
pp. 11.611-615. performance testing. He was involved in the research and development
A.-Y. Wu, K. J. R. Liu, and A. Raghupathy, “System archi- for fixed wireless telephone/fax systems and patented one design. His
tecture of an adaptive reconfigurable DSP computing engine,” current doctoral research is on the low-complexity, low-power design and

Jie Chen (Student Member, IEEE) received the
B.S. degree in electrical engineering and the
M.S. degree in physics from Fudan University,
Shanghai, China, in 1987 and 1990, respec-
tively. He received the M.S. degree in electrical
engineering from the University of Maryland,
College Park, in 1992, where he currently is
pursuing the Ph.D. degree.

During 1992-1995, he was with Hughes Net-

IEEE Trans. Circuits Syst. Video Techndb be published. very-large-scale-integration implementation of video coders. His research
L. B. JacksonpDigital Filters and Signal Processing2nd ed. interests include multimedia signal processing and digital communication
Norwell, MA: Kluwer, 1989. system design.

PROCEEDINGS OF THE IEEE, VOL. 86, NO. 6, JUNE 1998



