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ABSTRACT  
This paper describes implementations of a single stage and a multistage interpolator for 
high quality audio signals. The first one is a multistage interpolator based on bireciprocal 
modified lattice wave digital filters. The second one is that based on two-path (polyphase) 
digital filters. The interpolators are implemented in a floating point digital signal processor 
ADSP-21061 (SHARC). The results of these implementations are presented and compared. 
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1. INTRODUCTION  
In a class D power amplifier, depicted in Fig. 1, the output pulse power amplifier works as 
a one-bit D/A converter. We assume that the amplifier input signal is in the CD player 
standard, i.e., is sampled with rate fs=44.1 ksamples/s. Thus, its approximate frequency 
band covers 0...fb=0...20 kHz. In order to increase the resolution of the amplifier, noise 
shaping and oversampling techniques are used. 
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Fig. 1. Block diagram of digital audio power amplifier 

The chosen signal oversampling ratio R=8 is a compromise between the power MOSFET 
switching losses (for the minimization of which R should be also minimized) and the 



selectivity of the output passive lowpasss smoothing filter. The chosen switching frequency 
is R⋅fs=352.8kHz. During the signal interpolation process, the signal dynamic ratio can be 
decreased by adding mirror signals to the input signal. For high quality audio signals the 
required dynamic range is near 90dB. 

2. INTERPOLATOR DESIGN PARAMETERS 

An interpolator made up of an upsampler and an anti-imaging filter is depicted in Fig. 2a. 
After the upsampling process, the out-of-band signal is a potential source of interference  
for the input signal. The out of band signal can decrease the signal dynamic ratio. The anti-
imaging filter must attenuate all interfering signals. The stopband cutoff frequency Fz must 
be selected to limit aliasing in the input signal frequency range. 
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Fig. 2. Interpolator made up of upsampler and an anti-imaging filter: (a) single stage 

version, (b) multistage version 

     Two types of stopband criteria can be used in practice. In type 1, aliasing above the 
stopband deviation level in the transition band is not allowed (Fig. 3b). In type 2, aliasing 
above the stopband deviation level in the transition band is allowed (Fig. 3c). The 
normalized stopband frequency Fz for filters of type 1 and type 2 can be described by 
equations 
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respectively, where: Fb – the normalized passband frequency of the input signal, and Fs – 
the normalized sampling rate, R – oversampling ratio. 
     The multistage version of the interpolator is depicted in Fig. 2b. In this case, a design 
strategy is used, in which every stage attenuates its own interfering signals. Normalized 
passband signal frequency on the output of every stage is given by 
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where: Rk – interpolating ratio at stage k. For stage k of the interpolator with a filter type 1 
and type 2, the stopband frequency is given by  
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respectively. 
     For the high quality audio signal with a dynamic range near to 90 dB, a chosen 
oversampling ratio R=8 and the filter type 2, the parameters for a single stage interpolator 
and a multistage interpolator are shown in Table 1. In the multistage interpolator it is 
possible to reduce requirements for stages 2 and 3 by means of the suppression introduced 
in the stopband by an analog lowpass filter.  
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Fig. 3. Filter types: (a) input signal band width, (b) type 1 anti-imaging filter requirements 

with aliasing not allowed in transition band (for R=2), (c) type 2 anti-imaging filter 
requirements with aliasing allowed in transition band (for R=2) 

Table 1. Design parameters for single stage interpolator and multistage interpolator 

Stage Fp 
(passband) 

Fz 
(stopband )

δp [dB] 
(passband 

ripple) 

δz [dB] 
(stopband 

ripple) 

δzFA [dB] 
(with analog 

LP filter) 
single stage 0.0567 0.0683 0.1 -90 -90 

1 0.2267 0.2732 0.033 -90 -90 
2 0.1134 0.3866 0.033 -90 -60 
3 0.0567 0.4433 0.033 -90 -60 

 

3. SINGLE STAGE INTERPOLATOR 

The authors designed and implemented a single-stage interpolator with parameters shown 
in Table 1 in a digital signal processor ADSP-21061 [1]. The following types of 
interpolators have been analyzed:  
• an interpolator with an elliptic filter IIR (Elip), 
• interpolators with polyphase FIR filters: Parks-McClellan (PM), Kaiser window 

(Kaiser), least squares (LS), and constrained least squares (CLS).  
Fig. 7 shows the quantity of arithmetical operations necessary for a one sample 
interpolation (where R=8). Interpolators with FIR filters have a polyphase structure with 
periodically time-varying coefficients (Fig. 4). From the filters analyzed the IIR filters 
required the least number of arithmetical operations, however the polyphase FIR filters 
showed a similar efficiency. 
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Fig. 4. Polyphase interpolator with periodically time-varying coefficients for R=8  

4. MULTISTAGE INTERPOLATOR 

The multistage interpolator with parameters in Table 1 was designed and realized using a 
digital signal processor ADSP-21061. The following types of interpolators have been 
analyzed: 
• interpolators with FIR filters (Section 3) and the FIR Parks-McClellan filter (PM FA) 

employing a stopband characteristic of an analog lowpass filter(Fig. 1), 
• classical IIR filters, elliptic (Elip.) and Czebyshev (Czeb.). 
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Fig. 5. Interpolator realized with modified wave digital filters: (a) modified allpass wave 

digital filter, (b) interpolator with R=2, (c) multistage version of the interpolator for 
R=8 with a single switch and resultant multipliers 

Bireciprocal lattice modified wave digital filters were also used in the interpolator design 
[1, 2, 4]. A block diagram of the filters is depicted in Fig. 5b,c. Two versions of this 



interpolator were realized (MWDF and MWDF FA). The characteristics of an analog 
lowpass filter (Fig. 1) were employed in the second version. Modified wave digital filters 
are very efficient for the implementation with modern floating point signal processors, 
especially for applications where a wide dynamic range of the signal is important.  
Among the polyphase IIR filters, special attention was paid to a two-path (polyphase) filter 
designed according to methods introduced by Venezuela and Constantindes [5]. This filter 
consists of two branches with allpass filters (Fig. 6a). A block diagrams of these filters are 
shown in Figs. 6b,c. The two-path filters have very high performance and they are easily 
implemented and computationally efficient. The quantity N of allpass filter stages depends 
on: the stopband ripple δz and the relative frequency of transition bandwidth ∆F and is 
given by [3] 

( )1072z +∆= FN δ    .     (4) 

Similar to that for wave digital filters, two implementations of the polyphase two-path 
filters (CV and CV FA) were realized (Fig. 7). 
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Fig. 6. Block diagram of interpolator realized by polyphase two-path filters: (a) allpass 

section, (b) interpolator for R=2, (c) multistage version of the interpolator for R=8 
with a single switch  

5. CONCLUSION 

Among the analyzed filters (Fig. 7) the multistage interpolator based on a polyphase two-
path filter required the smallest number of arithmetical operations for implementation with 
ADSP-21061 digital signal processor. For applications, for which a linear phase response is 
important, a multistage interpolator with a Parks-McClellan FIR filter requires the smallest 
number of arithmetical operations. Using the symmetry of FIR filter coefficients, it is 
possible to decrease the number of arithmetic operations. Good results are also obtained for 
multistage interpolators based on modified wave digital filters. 



Fig. 7. Quantity of arithmetical operations for interpolation of one sample (for R=8), results 
of implementations of single stage and multistage versions of the interpolator 
realized on ADSP-21061 digital signal processor  
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