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Abstract – We present a method to change amplitude and delay responses in subjective listening test
material independently of each other. This is necessary in subjective listening experiments to apply
modern statistical methods treating simultaneously several statistical variables. A case study of pro-
ducing audio test material with this method is presented. This is related to an experiment where the
audibility of the amplitude response variation and the delay response variation are studied at low fre-
quencies based on data obtained from impulse responses of a room.

0. INTRODUCTION

Experimental designs based on using orthogonal arrays change more than one variable simultaneously
with the aim to effectively determine the importance of several variables with a single test run. Or-
thogonal arrays were invented by Jacques Hadamar in 1897 and first used for statistical experimental
design by Plackett and Burman [1]. The motivation is to minimise the size of an experiment, to control
the amount of information required to be evaluated and to minimise the time and cost to execute an
experiment. Examples of statistical techniques using this approach include various factorial designs
such as Latin square type designs, balanced incomplete block designs, response surface methods and
Taguchi techniques [1,2,3]. In this work we report the methodology for producing listening test mate-
rial for an experiment related to orthogonal application of amplitude and phase deviations.

A room impulse response defines the transfer function )(eH j
n

ω from a loudspeaker location to a lis-

tening point.  This transfer function, later called a kernel filter, typically does not have a flat amplitude
response or a constant group delay,
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In our case, the response surface method [2,4] is applied to study the audibility of amplitude and delay
variation at low frequencies, below 200Hz [5,6]. The source data are simulated room impulse re-
sponses of a fixed size room for three different reverberation times, and additionally the anechoic case.
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1. ORTHOGONAL CONVOLUTION FILTERS

Testing the audibility of amplitude and delay the orthogonal experimental design exhaustively com-
bines amplitude and group delay properties of room impulse responses to produce a set of filters repre-
senting their desired combinations. One way to achieve this is to design two filters. Filter Mn is re-
sponsible only for the amplitude response variation and has linear phase. Filter Gk is responsible only
for the delay variation and has allpass characteristic. The desired combination of the amplitude and
phase characteristics is then produced as a convolution of these two filters. The resulting orthogonal
convolution filters

 ,),( knknnk GMgrdmHH == { },...4,3,2,1, =kn (2)

are then used to produce the listening test items.

2. AMPLITUDE PROPERTY

The object is to produce a filter )( ωj
n eM having the amplitude behaviour of the kernel filter

)( ωj
n eH at frequencies oωω < ,
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and a linear phase property

 ( ) ,)(grd deM j
n =ω πω <<0 . (4)

The desired magnitude response given by Equation 3 is interpolated onto a dense, evenly spaced grid.
A symmetric set of filter coefficients is obtained by applying an inverse fast Fourier transform to the
grid and multiplying by a Hamming window, resulting in a linear phase FIR filter having a constant
delay d.

In practice it is necessary to design the different filters Mn such that the constant gain levels c are the
same for frequencies oωω > for all filters to maintain right gain relationships for frequencies

oωω < and avoid false cues after the processed listening test signals have been level aligned at

oωω > . The linear phase design of the amplitude property filter has a constant delay, which will add

the total delay of the final convolution filter.

Although we use the amplitude response characteristics of the kernel filter below a certain frequency
(lowpass formulation), bandpass or highpass formulations of the amplitude response property are
equally possible.

3. GROUP DELAY PROPERTY

The object is to produce a filter )( ωjeH having delay variation of the kernel filter )( ωj
n eH at fre-

quencies oωω < ,
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and allpass amplitude characteristic

 ,1)( =ωjeH πω <<0 . (6)



MÄKIVIRTA AND PEDERSEN ORTHOGONAL AMPLITUDE AND DELAY PROCESSING

AES 109th CONVENTION, LOS ANGELES, 2000 SEPTEMBER 22-25 3

To obtain this filter, we use a method where a lowpass filter )(zH LP , having a delay N, selects part of

the kernel filter response into )(zH t .

 ( ))()()()( zHzzHzHzH LP
N

LPt −+⋅= − . (7)

This filter has the desired delay variation characteristics but it does not have allpass characteristic. If
the amplitude response of )( ωj

t eH  does not contain zeros, we can design a whitening filter )(zH i ,
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such that

 ,1)( =ωj
k eG πω <<0 . (9)

This whitening filter is designed using the method described for obtaining the amplitude response
property, and it has linear phase.

We used FIR approximations that were forced causal by allowing enough constant delay d0 to model
the delay variation required. In this way, this method can model the delay variation within the selected
frequency band, but the absolute delay of the room impulse response can not be modelled.

If in a listening test the delay property is switched in and out, it is necessary to compensate for the
constant delay term d1 to avoid the listeners from being mislead by the additional cue of the time shift
created by this constant delay.

Although above we use the delay characteristics of the kernel filter below a certain frequency (lowpass
formulation), bandpass or highpass formulations of the delay property are equally possible.

4. CASE STUDY

Our case study is an experiment [5,6] where the target it to investigate the importance of the amplitude
and the delay variation, or ripple, at low frequencies. As the amplitude and delay ripple may also in-
teract, the experimental design formulation exploiting orthogonal arrays is interesting because it al-
lows us to study these interactions. The down side is that the preparation of listening test material is
complicated by the requirement to dissociate the amplitude variation from the delay variation.

Room impulse responses used as the source data originate from simulation of an IEC 268-13 compli-
ant room. The shape of the room is maintained in the simulation and the reflection coefficient of room
boundaries is used to vary the reverberation time of the room. Four values for reverberation time are
used, the anechoic case and reverberation times RT=200ms, 400ms and 800ms [5]. This results in four
impulse responses (Fig. 1), each with their natural amplitude and delay variation. The frequency re-
sponse of the radiating loudspeaker is eliminated by deconvolution with the anechoic impulse re-
sponse. The anechoic response represents the properties of the radiating loudspeaker.

The resulting impulse responses show significant frequency dependent changes both in amplitude
(Fig. 2) and delay (Fig. 3). The peak-to-peak amplitude variation in frequencies below 200Hz varies
from 15dB (RT=200ms) to 35dB (RT=800ms) and we can recognise the characteristic peaks and
notches of room amplitude response measurements. We also see the variations in delay typical to a
room at these extremes.
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Fig. 1. Room impulse responses simulated by varying the absorbance of room surfaces, from top to
bottom: anechoic condition (reverberation time 0ms), 200, 400 and 800ms.
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Fig. 2. Amplitude changes in the simulated room impulse responses.
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Fig. 3. Delay variation in the simulated room impulse responses.

Amplitude property
The amplitude property filter (Fig .4) is implemented as a linear phase FIR filter.  The amplitude in the
impulse responses is conditioned by removing frequencies <5Hz, essentially the DC component. The
subjective effect is limited below a corner frequency fc of either 80Hz or 120Hz by removing the am-
plitude ripple above these frequencies. The removal is implemented by modifying the filter design tar-
get. A filter is designed for each RT and corner frequency fc, resulting in six filters (RT=200ms, 400ms
and 800ms, fc=80Hz and 120Hz).

Delay property
The filters to implement the delay property (Fig. 5) are designed by modifying the target function
above the corner frequency fc to have a constant delay. The design method produces a FIR filter with
allpass characteristics. Note that the real time delay that makes the filters causal has not been removed
in Fig. 5. For the case fc=80Hz the delay changes to a constant value between frequencies 70…100Hz,
and for the case fc=120Hz the delay changes to a constant value between frequencies 80…120Hz.

Orthogonal filters
The experimental design produces a full permutation set of amplitudes and ripples. A total of 32 filters
are produced for this experimental design. Fig. 6 depicts some examples of the resulting FIR filters,
which are then convolved with the audio test material to produce the listening test items.

Typical modelling errors are depicted in Fig. 7 for the convolution filters in Fig. 6. The lower corner
frequency for the modelling is 20Hz. The higher corner frequency for modelling is either 80Hz or
120Hz. The modelling error is controlled between these frequencies. Above the higher corner fre-
quency the modelling error becomes very large because the amplitude and delay assume constant val-
ues at these frequencies.
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Fig 4. Amplitude filters for fc=80Hz (top) and fc=120Hz (bottom).
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Fig. 5. Delay filters for fc=80Hz (top) and fc=120Hz (bottom).
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Fig. 6. An example of convolution FIR impulse responses of room impulse response RT=800ms,
fc=80Hz. Both amplitude and phase (top), allpass or only delay (middle), linear phase or only ampli-
tude (bottom).
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Fig 7. Typical amplitude modelling error (top) and delay modelling error (bottom).

Convolution processing
The orthogonal filters are synthesised at the sampling frequency of 4410Hz, 1/10 of the audio sam-
pling frequency for the listening test items. The convolution process is depicted in Fig. 8. The audio
material is crossover filtered at 150Hz by Hxo(z). This crossover filter is a 12th order maximally flat
zero-phase implementation. The roll-off speed is fairly fast, and the lowpass section has 100dB at-
tenuation at 400Hz. The attenuation is sufficient to remove aliasing in the decimation process. Zero
phase implementation is possible because the audio material is processed off-line in a computer, al-
lowing convenient time-inversion.

The lower band is decimated by 10 to make the convolution processing more efficient, then interpo-
lated, filtered and added with the delayed and level aligned high frequency band to reconstruct the
full-bandwidth processed audio material. The anti-imaging filter Hr(z) is needed as a part of the recon-
struction process for removing the images of the fundamental frequency band generated by the inter-
polation process. The convolution is implemented off-line in a PC computer, and all signal processing
is done in 64-bit floating point representation, but some intermediate storing is done in 16-bit PCM
format. The conversion to 16-bit PCM is done with dithering before truncation to minimise any dis-
tortion effects.
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Fig. 8. Block diagram of the convolution process.

5. DISCUSSION

Listening test techniques try to identify not only the primary influences but also their possible interac-
tions. Modern statistical techniques based on orthogonal arrays provide a method of achieving this
goal. We have presented a method to apply these techniques to studying ripple in amplitude and delay.
The amplitude and delay ripples are modelled separately as FIR filters. While FIR filters may not be
computationally the most effective they are flexible and easy to design and provide the additional ad-
vantage of a precisely linear phase.

Multirate processing makes the convolution feasible in a rational amount of time and computer power.
The disadvantage is that additional design steps are needed to align the highpass path with the lowpass
path both in level and phase. This is made easier in our implementation by constraining the orthogonal
filters to have a flat amplitude response and a constant integer delay at frequencies near the crossover.
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