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DIGITAL TO ANALOGUE CONVERSION USING NOISE SHAPING AND
OVERSAMPLING FOR DIGITAL AUDIO APPLICATIONS

Dr M.J. Hawksford and B.A.H. McCrea

University of Essex, Wivenhoe Park, Colchester, Essex

The performance of a noise shaping filter architecture in association with a
digital to analogue converter is investigated using computer simulation.
Results of relevance to digital audio are presented to demonstrate resolution
and the decorrelation of high-level DAC errors.

1. INTRODUCTION

This paper presents results of cocmputer
simulations to show the performance advantage in
using a noise shaping filter in association with
oversampling. Particular attention is given to
digital to analogue converter (DAC) 1large scale
errors that are characterised by both random and
systematic displacements from the optimum recon-
struction levels. Noise shaping is demonstrated
to induce an effective high level, spectrally
weighted intelligent dither that translates DAC
errors of both static and dynamic classifications
to benign noise, within the bound of source data
quantisation. of particular interest is the
observation that non-linear DAC errors take on a
spectral image of the noise shaped dither that
reduces inband distortion and is attractive
because the DAC is operated open loop.

The technique of oversampling has already
been successfully adopted for -digital audio
reproduction [1], where the most common over-
sampling ratios are X 2 and x 4. The principal
advantages are, first, a reduction in analogue
circuit complexity where reconstruction filtering
is now performed substantially within the digital
domain, and second, an enhancement in DAC resolu-
tion by using error ‘correction feedback as a
noise shaper. Effectively, a 14 bit DAC operating
at 176.UkHz can yield the same resolution as a
16 bit DAC operating at 44.1kHz, providing
exemplary linearity of the two DACs. Though the
present oversampling schemes address the areas
of low-level nonlinearity, they are not effective
at controlling high-level errors spanning many
quanta that may also have elements of dynamic
distortion as a function of inter-sample transi-
tions.

This paper presents results based upon
spectral analysis of computed data sequences to
shcw how a R -order level compaction, noise
shaping algorithm can both reduce the number of
bits required in the output code of the interpo-
lation scheme and effectively decorrelate the
high-level DAC errors, even when the DAC 1is
driven open-loop as illustrated in Fig.1.

2. LEVEL COMPACTION, NOISE SHAPING ALGORTTHMS

The conversion of a PCM code { Mbit/f ) Hz}
to {Nbit/f_, Hz} , where f_, > £y and signal

bandwidth is constant, allows N < M, by taking
account of intersample averaging. The sample
interpolation is assumed to be performed by a
digital low-pass filter and subsequent level
compaction by a cascaded noise shaping algorithm,
where the basic scheme is shown in Fig.1.

The structure of the compaction algorithm [2]
is shown in Fig.2 and is generalised to order
R. Effectively, the algorithm is an extension
of a multi-level delta sigma modulator (DSM)
{3,4] but with R cascaded integrators in the
forward path, together with response shaping
for stability. Integration takes the form
1/(Z-1) and no multiplication is required which
aids high speed processing. The structure was
shown in reference [2] to be derived from a
digital deltamodulator (and also follows the
work of Tewksbury [5] and Adams (61), which
offered exact signal transparency when the
input data and linear quantiser Q-law are
matched. However, for high-order loop Tilters,
such structures are sensitive to rapid changes
in input signal. Consequently, the reconfigura-
tion to a delta sigma modulator type structure
{7] is preferred as a constant input-output
transfer function is offered, together with
desirable noise shaping characteristics (see
appendix).

3. COMPUTER STMULATION SYSTEM PARAMETERS

The following data was used to drive the
computer simulation:

Sinusoidal input signal frequency = 2 kHz
Input signal amplitude = J2 volt
Noise shaper sampling frequency (fsz) = 512kHz

Input quantum step = 2“16 volt
(i.e. 16 bit data reference 1 volt pk-pk input)

Q - quantum (Fig.2) nominal interval = 1 volt

DAC non-ideality is a superposition of both
random and systematic errors, where the selected
data is shown in Fig.3. The DAC is configured
as a 5 bit device where the overall error bound
is set in the present example to 13 bit. In
practice, a parallel (non-segmented) DAC structure
can be designed where accuracy should exceed 13
bit and parallelism minimise glitch generation.
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To illustrate the time domain performance,
{Fig.4 shows four output sequences of the noise
: shaping filter for orders R = {1,2,3,4}. &s

the filter order is advanced, output activity
progressively increases where for R = 1, five
_levels are excited and for R = U4 approximately
15 levels are excited. It should be observed that
the constellation of output samples take on a
randpm-like structure that include the majority
_of DAC 1levels in the conversion process.
However, the noise shaper forms an intelligent
high-level dither that, when averaged, yields
an accurate estimate of the input data sequence.
To show the distribution of levels excited over
the computational period, Fig.5 illustrates the
histograms corresponding to the orders R =
{1,2,3,4 }in Fig.4. It is important to observe
that, by limiting the input signal to just over
one Q-quanta, the pseudo-random activity offers
“istogram distributions almost independent of
signal level, a factor which enables decorrela-
tion of DAC errors that is particularly effec-
tive for higher order systems (e.g. R > 4).

5. SPECTRAL DISTRIBUTION OF ERROR DERIVED FROM A
NON-IDEAL DAC

The output "DAC error" illustrated in Fig.1
enables the DAC only distortion to be interogated,
where the results are shown in Fig.6(a), (b).
As indicated in Section 3, the DAC error is the
superposition of both random and systematic
distortions. The error spectra were estimated
for input data derived from a R = 4 noise

shaper. Fig.6(a) shows the error spectrum for
the random component, while 6(b) shows the
spectrum for the non-linear contribution. It

can readily be observed that the random element
broadly results in a flat spectrum while the
non-linear contribution takes on a spectrum
that is weighted by the noise shaped activity

derived from the noise shaping filter. Conse-
~—~quently, systematic errors translate into a
.oise-like spectrum and usefully exhibit a

spectrum with a lower density within the audio
band.

The spectral plots shown in Fig.7 illustrate
the overall DAC errors using the error example
of Fig.3 for orders R = {1,2,3,4}. As anticipated
the total error rises slightly as the order is
advanced due to the greater DAC activity.

6. SPECTRAL DISTRIBUTION OF ERROR DERIVED FROM
OVERALL SYSTEM

The final results shown in Fig.8 demonstrate
the overall system spectral distortion that
includes both the noise shaper error and the
DAC error, for R = {1,2,3,4}. Spectral estimates
were made both before and after the DAC and
superimposed for comparison.

!7. CcONCLUSION

Thisﬂpaper has demonstrated the performance

"of an R -order compaction algorithm that is a

derivative of a digital, multi-level DSM coder.
The compaction algorithm was presented both as a
method of reducing the number of bits in the
oversampled format without incurring a loss of
input data and to decorrelate large-scale errors
in DACs.

Unlike DSM, the loop order of the compaction
algorithms can exceed two without incurring a
stability penalty, providing the quantiser Q
does not saturate. The results show that as R
is advanced Q activity increases with a correspon-
ding improvement in noise shaping characteristics.
Although the DAC is outside the feedback loop,
the high-level, near constant power input trans-
lates DAC errors to benign noise, which is a
most desirable attribute for high performance
digital audio, especially when DAC errors are a
function of intersample dependence yielding
dynamic distortion. Our investigation has
concluded that for R > 4 decorrelation is complete.

three principle error sources
within the system. Overall, there is the imposed
bound dictated by quantisation of the input
data. Second, there is the error determined by
the noise shaper/compaction algorithm and,
thirdly, the DAC errors. For the present over-

sampling ratio of x 50, noise shaper distortions
are reduced as the order R is advanced. However,
the increased DAC activity then yields a rising
error contribution, though this is partially
offset by the systematic _errors being noise
shaped, exhibiting a lower spectral density
within the audio band. However, for a practical

There are

order R = 4, the DAC activity is less than 5
bit wide; consequently, parallel structures
can be formulated with low glitch and area

distortion that can readily operate at the

necessarily high sampling rates. The results

suggest that an accuracy of 16 bit is readily

achievable which can be upwards expanded within

practical constraints to 18 bit or better targets.
In particular, the decorrelation of systematic

errors is considered a significant advantage,

together with the minimisation of idle channel

patterns which is realised using the higher
order noise shaper.

It is interesting to observe that, in combina-
tion, sample interpolation and compaction of
level realise a continuum of codes where in the
1imit a 1-bit serial format is generated[8,9,10]
The algorithm presented is readily configured
to yield a 1-bit DSM format by converting the Q
parallel output data to a serial bit stream
using a ROM look-up table [2]). Thus, high-order
noise shaping without the usual limits on stabi-
lity by quantiser saturation can be achieved.
This latter application is considered optimal
for digital audio, requiring the minimum of
additional analogue circuitry. Also in active
loudspeaker systems where digital filtering can
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be for crossover networks, a 1-bit
conversion is attractive as output pins on VLSI
circuits are efficiently utilised that aid
cost-effective design. However, the ultimate
resolution of the serial format demands that the
area-per-bit be kept within a close tolerance
and is both symmetric between 1 and 0 pulses and
independent of pulse patterns.

In conclusion, Fig.1 shows the addition of
a high-level .dither signal = (triangular wave)
between noise shaper and DAC. This was introduced
to broaden the histogram and further decorrelate
systematic DAC errors. However, in this application
no significant advantage resulted and, in practice,
it led to a slightly higher in-band noise contri-
bution due to increased DAC activity. The
inclusion of this waveform followed a recent
paper by Fielder [11], though we conclude that
within the present system the placement of the
signal within the quantiser Q makes this technique

_unnecessary.
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APPENDIX

Validation of compaction topology (Fig 2(b)) to

meet Tewksbury's [5] optimum transfer function
criterion:

The - transfer function for order R of the forward
path,

pr(Z) of Fig. 2(b) is,
-1 -1 -1

z z z
Ho (Z) s —2— gt e
fp a-z7h azh? R
R ~1.R
) -1 1 1-(1-2"")
ie. H, (2) = 2 =
fp ?.-_—1 (1-z™H* G-z~ HR

Fig. 2. General linear feedback coder/decoder.

(diagram from Tewksbury [5])

Setting c(Z) = 1, Tewksbury's [5] model shows
that for the optimum case of minimum in-band
noise for a noise shaping filter of order R,
-1,R
1-(1-Z )
B(Z) = ——=—=— = H (Z)
(1-z"HF fr

i.e. the selected topologies of Fig. 2(a), (b),
represent the optimum case and realise the
function pr(z) without multiplication factors.
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