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= Floating-Point or Fixed-Point
Realizations
" Block Floating Point

p=iIS structure firstydelivered..
Sy ATV Oppenheim
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Very bit effective
EXactness close to floating-point (FP) arithmetic
Implementable with fixed-point DSPs

In many structures, considering the smallest HW (for fixed
point structures) will cause a large error. Othenwise, the
HW will grow very large.

For example, in our FPGA time/equalizer example with 16
taps;.the number of overflows Is around 2.26 in calculation
.~ of each output, [7]..Considering themwerst: case, we'shoulds
L 200 4 menenisHeritradaitions:

"“I=[oating Point is very complicated.

= Block-floating-point method Is a compromise between
these two methods.
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= BEPrarithmetic has been used in different kinds of
signaliprecessing applications, such as recursive
digital filters [4]-[6] .

= We note that BFP structure Is defined as the
number representation algorithm in several digital

audio data transmission standards,such as NICAM

(stereo-phonic sound system for PAL TV standard)

13], the audio part of MUSE (Japanese HDTV

~ standard) [14], and DSR (German DigitalsSatelliie
. Radio systenm)ids]:
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= |t is widely accepted that the guantization error contained
By usingieunding function Is less than the guantization
error with truncation [11].

However, in systems using BFP, there are cases where the
rounding error becomes larger than the truncation error.

This happens, for example, with numbers which have a

LSB of one and their other bits are zeros, and for

occurrence of more than ene consecutive rounding
L gperation

= Ihis Issue Eirsteliseved whenwewnere implementing a
~ Time equallzer of an ADSL modem
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= QIS problem occurs when in the calculation
of one system output, more than one
overflow occurs in a block of data.

= The main problem iIs the possible

propagation of “one" from the LSB to the
Lmere significant bits.
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= Consider 00100004 with = After 2 times of shifting
power=0; after first time of and truncation, it will
shifting and rounding. become 001000 with

It will become 0010001 power=2, which is equal
and power=1, after second 001000*272=00100000

time of shifting and which is;cleser to the
rounding. original value 00100001.

EiwillTbecome 001001 and

i

o =2 W__hi_Ch ISiegualito
S 001001*272=00100100.
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= Using a new rounding function which prevents
such propagations by rounding the odd "ones™ and
truncating the even "ones" when they are spared.
— For example, consider the number 00100001 with

power=0. After the first shift and rounding, It will become
0010001 with power=1, after the second time of shift

and truncation, it will become 001000 with power=2,
which s, equal to 001000*272=00100000 thatISrnews

closer 1600100001
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Using a barrel shifter before the accumulator
and shifting the input numbers by the overall
number of overflows which has already

occurred and then rounding the input

— This method is more effective for FIR filters
since after their forward operations, it IS not
~ necessantogeturn, the outplvalues hackin
~ theblock.

i
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= Case one; Coefficients set to highest level (for
maximizing the number of over flow):

— Using rounding, the RMS of the error is 1328.4* LSB;
using truncation it became 1332*LSB; using one of the

solutions made the error equal to 472.77* LSB.

= Case two; Coefficients set with chow algorithm:

L Using reunding, the RMS of error was 349*LSB; using
truncation made the,error 595.68#LSB; Using any orour
- splutionstmade it equal to 152.79*L.SB.
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= \We reported one degrading issue observed when
using bleck-fleating-point arithmetic in the time
equalizer of an ADSL modem.

= Neglecting this issue may increase the round-off
error significantly and reduce the SNR of some

systems.

= Fixing this issue may reduce RMS of errors by a
factor of 2.in this time equalizer which equalizes
e, CSAG channel of an ADSEmoedem: —

"We deschlded two solutions to remedy this
problem.
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