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Fig. 1. DSP processor architecture for TDF FIR filter implementation.

present state inputs of the finite state machine. A low-power tectesponding to the outputs of the respective filter stages are required for
nology decomposition procedure is introduced in [3] which producéise calculation of an output sampig). The PCV for a filter stagé
a decomposed network with minimum switching activities. This igt time instant: is given by

achieved together with a low-power technology mapping algorithm

that hides high switching nodes inside gates and lowers the fanout PCVi(n) = h(k)x(n) + PCViy1(n — 1). (@)
load driven by high switching activity nodes. Researchers have also

targeted reducing the switching activity within DSP systems. Thestence, PCVs at different stages of Antap filter are given by:
have included (1) the use of coding techniques [4], (2) the design

and manipulation of arithmetic units such as adders and multipliers PCVn_1(n) =h(N — 1)x(n) + PCVy(n — 1)

[5], [6], (3) the use of various techniques to exploit bit correlation in

coefficients [7]-[9]. Other techniques include dynamic minimization

of filter orders [10], following a differential approach to processing PCVy ( n) (2)z(n) + PCVys(n — 1)

coefficients [11], and use of multirate architectures [12]. PCV; (1) Zh(l);v(’n) + PCVa(n — 1)

This paper presents a number of multiplication schemes for low-
power implementation of FIR filters on DSPs. The schemes target re-
ducing power by reducing switching activity at one or both multiplier
inputs, depending on the filter realization structure used. Results A—I%e PCVs above could in turn be expressed as follows:
provided which show up to 51% saving in power. The schemes also
provide the designer with flexibility in terms of power/cost tradeoff.

PCVo(n) =h(0)x(n)+ PCVi(n — 1).

PCVn_i(n) =h(N = 1)xz(n)

[l. MULTIPLICATION SCHEMES PCV)(n) —1(2)a(n) + h(3)a(n — 1)+ ---

The authors developed a number of multiplication schemes for the _ _ _
. . . . + h(n —Dz(n— [N —1])
low-power implementation of FIR filters on CMOS based single mul-

tiplier DSPs. The schemes vary in the technique employed in the ma- PCVi(n) =h(1)a(n) + h(2)a( "__ DRSS
nipulation of data and coefficient inputs of the multiplier and the use +h(n —Da(n - [N —1])
of filter realization structure, where either one of the direct form (DF) PCVo(n) =h(0)x(n) + h(D)a(n — 1) + - -

or the transpose direct form (TDF) realization is utilized. 4 (0 — Dya(n — [NV — 1))

A. Scheme I: TDF Structure Note that the final value, PG)\(n), is equal to the filter outputy(n).

A DF filter implemented on a single multiplier DSP is executed suchhe above implies the need for the allocation of a special memory
that at each clock cycle a new data samgle) and the corresponding block, within the data memory unit, for the storage of PCVs. This
filter coefficienth(k) are fetched from the memory simultaneously andre term precalculated value memory (PCVM). Secondly, the conven-
applied to the multiplier. Therefore, for each multiplication both inputsonal multiply-accumulate (MAC) operation can not be used with the
of the multiplier receive new data. Due to this continuous change BDF realization, since the output of each filter stage has to be saved in
both inputs, using the DF realization will cause a high level of switchingemory in order to realize the delays between the adders in the TDF
activity at both multiplier inputs. This will in turn cause a correspondstructure. Instead, the result of multiplying the current data sample with
ingly high-switching activity within the multiplier, hence leading to aa given coefficient is added to the PCV read from the PCVM resulting
higher overall power consumption. Using the TDF realization, hovin another PCV. This will be stored back in the PCVM for use with the
ever, the switching activity at data inputs of the multiplier is signifinext data sample.
cantly reduced since the data input remains unchanged for a substantidl TDF filter can be implemented more efficiently by performing
number of multiplication operations, corresponding to the filter lengtsimple modifications to the DSP hardware architecture. For example,
This results in considerably fewer switching activities within the muby allowing a separate data bus path for writing back the PCVs gen-
tiplier circuit and consequently leads to less power consumption tharated above, see Fig. 1, significant increase in throughput could be
the DF realization [13]. achieved. This is currently possible since a large number of common

In a TDF realization a single input samplg;z), and a number of DSP cores are available as intellectual properties (IPs) in a single chip
intermediate values, which we term, precalculated values (PCVs), coonfigurable DSP units which allow modification to the DSP archi-
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Fig. 2. Example of a 4-tap TDF filter structure with coefficient ordering.

tecture for aspects such as added functionality and/or enhancemerndémntification of such an order will require an effective search algo-

performance [14]. rithm. A number of probabilistic algorithms have proved successful
The sequence of steps for the implementation of this scheme isimsolving NP-complete search problems such as above. Examples are
follows: simulated annealing and genetic algorithms [16]. Due to both their in-
1) get the data sample(n); herent parallelism and their ability to cope with complex discontinuous
2) get the filter coefficient.(k); search spaces, genetic algorithms have been selected for ordering the
3) multiply z(n) andh(k); coefficients in this scheme. A combinatorial order-based genetic algo-
4) get the PCV corresponding to the output of the next filter stagighm was used to produce coefficient orders with significant reduction
for the previous data sample, PEM (n — 1); in switching activity. Further details of this algorithm could be found
5) sum the results of 3) and 4) above and store as R€yVin in [17].
PCVM; It must be noted that the ordering of coefficients is performed only
6) repeat steps 2) to 5) for the remaining coefficients; once prior to the commencement of filtering. Subsequent use of the
7) get the filter outputy(n), from PCVM; filter will utilize the same order of coefficients. For this reason, coeffi-
8) repeat steps 1) to 7) for the next filter outputn + 1). cient ordering has no implications on the speed of the filtering proce-
dure.
B. Scheme II: TDF Structure With Coefficient Ordering When coefficients are processed in nonsequential order two possible

A further reduction in switching activity within the multiplier sec-Situations may arise.

tion of the TDF filter can be achieved by implementing the filter such a) The previous filter stagetagek — 1, has been evaluated in a
that respective data samples are multiplied with filter coefficients in  previous cycle, in which case a single PCVM location is required
a nonsequential order of their respective filter stages. The ability to  to store the new PCM»), as in (1).

re-order multiplication operations is desirable since it provides the po-b) Stagek — 1 has not been evaluated yet, in which case two
tential for the switching activity at the coefficient input of the multi- PCVM locations will be required, one to store the new PCV, i.e.,
plier to be reduced by minimizing théamming distancbetween those PCV.(n), resulting from the current evaluation sthgek [as in
filter coefficients used in successive multiplication operations. The au-  (a)] and another to preserve the original PCV, i.e., RGM- 1),
thors have verified this in [15]. This results in reducing the switching as PCV._ (n) [see (2)] for the evaluation aftagek — 1

activity at both multiplier inputs. The choice of an ordered coefficient

set in which successive coefficients are highly correlated is both com-

putationally complex and NP-complete for practical size filters. The PCVi_1(n) = PCVi(n — 1). (2
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The sequence of steps for the implementation of this scheme is as —main:
follows: PSHM ARI
FRAME #-4
1) apply the coefficient ordering algorithm and produce the re-or- STM # x,AR1
dered coefficient set; STM #_y,AR2
2) get the data sample(n); STM #99, BRC
3) get the filter coefficient:(k); RPTB L3-1
4) multiply z(n) andh(k); o ; loop starts
5) get the output of the next filter stage for the previous data D *AR1+,16,T
sample, PCVn — 1); DLD “(_pcv+8) A
6) sum the results of 4) and 5) above; DST A, *(_pcv+6)
7) if situation a), see above, arises then store the result of 6) into MPY *( h+2),A
the reserved PCVM location. Otherwise, situation b), transfer DADD *(_pcv+10),A
the contents of the first PCVM location to the second PCVM DST A, *(_pcv+8)
location and then store the result of 6) into the first PCVM lo- MPY *(_h+3),A
cation; DST A, *{_pcv+10)
8) repeat steps 2) to 7) for the remaining coefficients; DLD *(_pcv+d) ,A
9) get the filter outputy(n), from PCVM; DST A, *(_pcv+2)
10) repeat steps 2) to 9) for the next filter outpr(ty + 1) MPY *(htl).A
. . . S DADD *(_pcv+6) ,A
Fig. 2 illustrates a signal flow graph of a 4-tap TDF filter structure DST A, * (_pcv+d)
where the multiplication operations have been reordered. Circled num- MPY *(_h),A
bers in the graph indicate the execution order, i.e., input data samples DADD *(_pcv+2),A
are multiplied by coefficients in the order of h(2), h(3), h(1), and h(0). DST A, *(_pcv)
Initially, at » = —1 the seven memory locations PCYNb PCVMs, SSBX SXM
corresponding to PCy/to PCV;, are all initialized to zero. At = 0, SFTA A8
the data sample(0) (= 2) is processed by the filter. First, the output SFTA A -8
of filter stage 2 is calculated by multiplying(0) (= 2) with the co- z’;gA ‘;’ f;ég;B
efficient 2(2) (= 15). The result(2 x 15 = 30) is then summed : loop endsl
with the output of the next filter stage for the previous data sample, 3:
PCV5(—1) (= 0),and the result30+0 = 30) is stored as PCM0). FRAME #4
However, because the current value of PCMM PCV,(—1)) will POPM AR1
be needed for the evaluation of the previous filter stage, it is saved as RET
PCV;(0) in PCVM; before PC\{(0) (= 30) is stored in PCVM. The i return occurs

output of the filter stage 3 is next calculated by multiplyin(@) (= 2) i ] .
with the filter coefficienth(3) (= 78). The result2 x 78 = 156) is Fig. 3. TMS320C54x assembler code for the filter example in Fig. 2.
then stored as PGY0). The outputs of the remaining filter stages are
then calculated in succession before the second data safiple= 9)

is processed at = 1. The third and fourth sampleg2) andx(3) are
subsequently processed irj 'Fhe same manner. _5) multiply 7 (k) andz(n — k);

To demgnstrate the erX|_b|I_|ty of thesg schemes apure software |m-6) add the product into the accumulator;

plementation of scheme Il'is illustrated in Fig. 3. The figure shows the 7) repeat steps 3) to 6) for the remaining coefficients;
assembler code compiled for TMS320C54x target as an example.

3) get the filter coefficient:(k);
4) get the corresponding data sample — &);

8) get the filter outputy(n), from the accumulator;
9) repeat steps 2) to 8) for the next filter outpytn + 1).
C. Scheme lll: DF Structure With Coefficient Ordering Fig. 4 illustrates the signal flow graph for scheme |1l using the same

The previous two schemes are restricted to TDF realization of Fff{er example as in Section II-B with a different coefficient order.
filters which dictate the need for a modified DSP processor architec-
ture. Hence, these schemes could not be implemented efficiently on lll. EVALUATION OF THE SCHEMES
traditional DSPs using the conventional MAC unit. However, most - . .
. . The efficiency of the above schemes is demonstrated using a
common DSPs in the market are based upon the conventional MAC . . ! e .
ber of practical FIR filters. For each filter specification a coeffi-

unit. Examples are Texas Instruments’ and Motorola's DSP series. R is obtained using the MATLAB soft
this reason, there is a need for low-power implementation scherr?é%nt setnorm is obtained using the software program.

for the above processors with minimum (or no) modifications tB'eXt’ a §econd coefﬂqgnt sahin, is derived frc_;m th_e original set
their architectures. In this section we describe another multiplicati® ©rdering the coefficients such that Hamming distance between
scheme for low-power implementation of DF FIR structures. Th%djac_:ent coefﬂugnts is minimized. This is followed by generating
scheme uses coefficient ordering (as in scheme I1). However, since theniformly distributed set of data samples. These data samples are
scheme is implemented with the DF structure it does not require agsociated with each of the coefficient sets obtained in the previous
PCVs. Therefore, it can easily be adapted to most common DSP$age, norm and min, using the filter structures DF and TDF. This
the market without the need for any alterations to their architecture€nsures that the appropriate data and coefficient inputs are applied

The sequence of steps for the implementation of this scheme ist@ghe multiplier. At this stage an input simulation file is generated
follows: for each of the structure/ordering combinations, i.e., DF/norm,

1) apply the coefficient ordering algorithm and produce the re_OP_F/mln, TDF/norm, and TDF/min. Each simulation file is run with a

dered coefficient set;
2) clear the accumulator; IMATLAB is a registered trademark of The MathWorks, Natick, MA.



IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS—II: ANALOG AND DIGITAL SIGNAL PROCESSING, VOL. 49, NO. 3, MARCH 2002 227

x(n) x(n-1) x(n-2) x(n-3)
...5,6,9,2 ...6,9,2,0 ...9,2,0,0 = ...2,0,0,0

®

78*

®

60>*<

h(0) h(2) h(3)

120 0 0
540 0 0
360 30 0

6

300

y(m) =...723,588,584,120

Fig. 4. Example of a 4-tap DF filter structure with coefficient ordering.

TABLE |
AVERAGE REDUCTIONS IN SWRTCHED CAPACITANCE
Transitions Transitions Switched
Multiplier | Structure/ per sample Reduction per sample | Reduction capacitance Reduction
size Ordering at data (%) at coefficient (%) per sample (%)
inputs inputs (pF)

DF/norm 137 - 90 - 522 -

8-bit DF/min 138 -1 26 71 417 20
TDF/norm 4 97 90 0 311 40
TDF/min 4 97 26 71 100 81

DF/morm 276 - 261 - 4093 -
. DF/min 279 -1 123 53 3499 15
16-bit TDF/norm 8 97 261 0 2794 32
TDF/min 8 97 123 53 1457 64

DF/norm 412 - 402 - 14792 -

.. |DF/min 415 -1 238 41 13411 9
2 Fnorm 12 97 402 0 10860 27
TDF/min 12 97 238 41 7656 48

separate version of the Cadence’s Verilog2Xigital logic simulator. multiplier circuit. This is repeated for each of the structure/ordering
Verilog-XL uses a gate-level netlist of the multiplier circuit for thecombinations. The overall switched capacitance of each TDF/norm,
simulation procedure. During a given simulation, the number of sign@DF/min, and DF/min structure/ordering combinations is compared
transitions for each gate within the multiplier circuit is monitored. Th& the overall switched capacitance of DF/norm in order to calculate
capacitance of each gate, which consists of the output capacitanc¢éhefamount of power saving.

the gate itself, input capacitances of the loading gates and capacitance

of the wires connected to the output, is extracted by performing a IV. SIMULATIONS AND RESULTS

layout of the multiplier circuit using the Envigisilicon Ensemblé Simulations were performed on»88, 16x 16 and 24x 24-b

place-and-route software targeting a @m-standard cell CMOS tech- , s
S . o L Baugh-Wool I Itipl 18] for th
nology. Both capacitive information and the switching activity flgureF:ug ooley two's complement array multipliers [18] for three

are used 1o obtain the switched capacitance of each gate. This is togv-pass and two band-pass linear phase filter examples with filter
u n the Swi P ! . gate. This| n%ths varying from 54 to 89. Each filter was simulated using 1000
accumulated to obtain the overall switched capacitance of the enp

E%domly generated data samples. Table | shows the average results
2\ferilog-XL, Envisia, and Silicon Ensemble are registered trademarks of CBf simulating these filter examples. The results reflect the reduction
dence Design Systems, Inc., San Jose, CA. in switching activity at data and coefficient inputs of the multiplier,
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Fig. 5. Switched capacitance distribution for different multiplication schemes.

and in switched capacitance of the entire multiplier. The reductiattivity is reflected in a small region of high switched capacitance
in switching activity at the data input is 97% for TDF since theoward the outputs of the multiplier [compared with Fig. 5(a)]. With
data input remains unchanged until all the coefficients are processscheme II, however, the switching activity at both multiplier inputs
Whereas the data samples for DF are uncorrelated and henceisheduced, hence significantly reducing the switched capacitance of
change in their order may yield a slight positive or negative reductiehe internal gates of the multiplier circuit, see Fig. 5(c). The effect
in switching activity. It happens that in our case the switching activityf applying scheme Il is similar to that of scheme I. In this case,
at the data input increases slightly (by only 1%) although it may alshe switching activity at the coefficient inputs is reduced while the
decrease for other data sets. The reduction in switching activity at #gitching activity at the data inputs being the same. Therefore, a sim-

coefficient input is up to 71% for DF/min and TDF/min due to coeffijlar effect is propagated through the internal gates of the multiplier
cient ordering. There is no reduction for TDF/norm since in this caggcuit, see Fig. 5(d).

the coefficients are processed in their normal order. The switched

capacitance for the multiplier is directly related to the switching ac- V. DETERMINATION OF OVERHEADS

tivity of its inputs. In all cases the results demonstrate a reduction

in switched capacitance. The best results are obtained with TDF/minThe use of TDF structure imposes some overheads, mainly due

achieving 81%, 64%, and 48% reductions using 8, 16x 16 and to PCVs, in comparison with the DF structure. In order to account

24 x 24-b multipliers, respectively. The second best (40%, 32%, affef these overheads the PCVM unit was simulated and its switching

27%) and the third best results (20%, 15%, and 9%) are obtain@efivity monitored. In order to obtain an accurate estimate of the

with TDF/norm and DF/min using 8 8, 16x 16 and 24x 24-b mul- overheads, the switched capacitance of the bus and memory units

tipliers, respectively. is required, in addition to that of the multiplier. For this we utilize
In order to examine the effect of the reductions achieved i high level switched capacitance model for the critical modules.

switched capacitance on the internal circuitry of the multiplier, fofhe model is based on the principles used by the authors in [4] and

the various schemes, 3D diagrams have been used. These refleceggimes that the total switched capacitast€:ai, is given by (3)

switched capacitance at the output of each constituent gate within @feshown below:

multiplier circuit. Fig. 5(a) illustrates the switched capacitance dis-

tribution for a 16x 16-b array multiplier circuit when conventional SChotal = kmult Cmult + Fmem Cmem + FbusChus. (3)

filtering is employed. As expected, the switched capacitance is high

at both inputs (data inputs: d0—d15 and coefficient inputs: cO—c15) ofThe parameters, i+, kmem, and k. represent average number

the multiplier. This is due to both high switching activity and higlof transitions for the multiplier, memory, and bus units, respectively.

loading capacitance at the primary inputs. The high switching activityyerilog-XL simulator was used to obtaify,,.i, whereaskmem, and

at the inputs is propagated toward the internal circuitry, having a réls,. were obtained through functional simulations.

atively higher impact on switched capacitance in the gates toward thel'he choice of the “average” capacitance valu€s.(i;, Cmem, and

circuit outputs. Applying scheme | reduces the switching activity &,,s) was performed after the analysis of a number of different FIR

data inputs of the multiplier, whereas the activity remains the sarfiker chips, developed by the group here. The values 1, 2, and 5 were

at the coefficient inputs, see Fig. 5(b). This decrease in switchicgosen to be a true reflection 6f,u1t, Crmem, andChys, respectively.
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TABLE I
AVERAGE OVERHEADS
# transitions/sample switched-capacitance/sample .
Mul}iplier Structgre/ SCou Reduction
size ordering | Multiplier ~ Memory Buses | Multiplier =~ Memory Buses (%)
(kmult) (kmem) (kbus) (kmuh-cmult) (kmemcmam) (kbus'cbus)
DFfnorm 6813 4 227 6813 8 1135 7956 -
8-bit |TDF/norm 4269 299 393 4269 598 1965 6832 14
TDF/min 1385 395 429 1385 790 2145 4320 45
DF/norm 57196 8 537 57196 16 2685 59897 -
16-bit |TDF/norm 39972 720 989 39972 1440 4945 46357 22
TDF/min 21097 1074 1205 21097 2148 6025 29270 51
DF/norm 198938 12 814 198938 24 4070 203032 -
24-bit |TDF/norm 149301 1067 1481 149301 2134 7405 158840 21
TDF/min 105983 1578 1828 105983 3156 9140 118279 41

These values were chosen to reflect the amount of switched capaci8] T. Arslan and A. T. Erdogan, “Data block processing for low
tance within the circuitry of these units. Table Il illustrates the average

overheads. Column 3 shows the average number of signal transitions
per sample for the multiplier, memory, and bus units, respectively. Therg
estimated switched capacitance values are shown in column 4. Column

5 displays the total switched capacitance of the multiplier, memory and

bus units. The reductions in switched capacitance, after including thE0]

effect of overheads, achieved by TDF/norm and TDF/min in compar-

ison with DF/norm are shown in column 6. As the table illustrates thqll]

maximum reduction (51%) is obtained in the case of & 16-b mul-
tiplier with TDF/min structure/ordering.

The paper has compared a number of multiplication schemes for
the low-power implementation of FIR filters on single multiplier
DSPs. The schemes target reducing power consumption through a
reduction in the amount of switched capacitance within the multiplieni4]
section of the DSPs. Our results indicate that with an added cost

VI. CONCLUSION

penalty, reflected in the modification of the DSP architecture, up to

51% power saving can be achieved. Whereas with least cost penaIﬁ]/,S]

involving modification at software level, up to 20% power saving can

be achieved, hence providing the DSP designer with implementation
flexibility.
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