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Abstract

This paper shortly reviews the history and development of the most common
parametric room impulse response (RIR) reproduction methods: SIRR, HO-

SIRR and SDM. The original papers describing the techniques are considered,
as well as a more recent paper examining the limitations and capabilities of

SDM.

1 Introduction
Parametric room impulse response (RIR) reproduction techniques were born out of the
desire to avoid the pitfalls associated with the other types of RIR reproduction methods
[6]. For example, channel based RIRs captured with regular microphone arrays are diffi-
cult to generalize over different playback setups (ideally one loudspeaker per microphone),
and RIR reproduction using low-order Ambisonics has problems with highly coherent
loudspeaker signals causing comb filtering effects and other unwanted artifacts [1–3,11–
13,16].

Thus, parametric techniques of room impulse response reproduction are intended to be
applicable over different sound capture and simulation setups (regular microphones or
spherical harmonics) [14]. Similarly, the reproduced response can, then, be rendered us-
ing any spatial rendering method (e.g., VBAP, Ambisonics, WFS) in the desired spatial
resolution [14].

This seminar paper is organized in to sections describing the history and theory of the
most popular [4] parametric methods used for RIR reproduction from the past 20 years.
Section 2 discusses the spatial impulse response rendering (SIRR), Section 3 continues
with the higher-order formulation of SIRR, higher-order spatial impulse response render-
ing (HO-SIRR), and Section 4 discusses the slightly different approach of spatial decom-
position method (SDM). Section 5 concludes the paper.

2 Spatial Impulse Response Rendering
SIRR was the first method of reproducing room impulse responses parametrically using
the knowledge of psychoacoustic [5]. Later, the principles of the analysis and synthesis of
SIRR were applied in developing the directional audio coding (DirAC) [10].
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In [6], the method is described as implemented for B-format microphones and employing
STFT-based analysis. Figure 1 shows a block diagram of the analysis scheme. Depicted
in the figure, the 3-D intensity vectors are calculated from the spectra in the following
manner:

𝑰𝑎(𝜔) =
√
2
𝑍0
ℜ{𝑊 ∗(𝜔)𝑿′(𝜔)} (1)

In Equation 1, 𝑍0 = 𝜌0𝑐 is the acoustic impedance of the medium, 𝑊 ∗(𝜔) is the complex
conjugate of the Fourier transform taken from the omnidirectional signal 𝑊(𝑡). 𝑿′(𝜔)
is the Fourier transform of the transpose vector of the x, y and z components of the B-
format signal: 𝑋(𝑡), 𝑌 (𝑡) and 𝑍(𝑡). The energy density, shown in the bottom-right corner
of Figure 1 is given by:

𝐸(𝜔) = 𝜌0[𝑍−20 |𝑊(𝜔)|2 + |𝑿′(𝜔)|2] (2)

From the 3-D intensity vectors, the azimuth θ(𝜔) and elevation ϕ(𝜔) for the direction of
arrival (DOA, opposite to the direction of 𝑰𝑎(𝜔)) can then be estimated:

θ(𝜔) = tan−1[
−𝐼𝑦(𝜔)
−𝐼𝑥(𝜔)

] (3)

ϕ(𝜔) = tan−1

⎣
⎢⎢
⎡ −𝐼𝑧(𝜔)

√𝐼2𝑥(𝜔) + 𝐼2𝑦 (𝜔)⎦
⎥⎥
⎤

(4)

Further depicted in Figure 1, and described in [6], are the operations for calculating the
diffuseness estimate ψ(𝜔) from the intensity vectors 𝑰𝑎(𝜔) and energy density 𝐸(𝜔):

ψ(𝜔) = 1 −
‖𝑰𝑎(𝜔)/𝑐‖
𝐸(𝜔) (5)

For the diffuseness estimate, ψ = 1 describes a completely diffuse field and ψ = 0 implies
a sound field without oscillating energy [6].

Figure 1: SIRR: analysis [6]

From the analysis, the resulting parameters are then used to process the omnidirectional
and to reproduce the RIR. Figure 2 describes the SIRR synthesis process, where the
omnidirectional signal is split into 𝑁  frequency channels for processing. As depicted next
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in Figure 3, each channel is then further split into non-diffuse and diffuse parts based
on this frequency channel’s specific diffuseness estimate from the previous analysis. The
non-diffuse part of the signal is mapped to a pair or a triplet of loudspeakers (depending
on the loudspeaker setup, i.e., 2D or 3D) using vector base amplitude panning (VBAP)
using the DOA estimate. The diffuse part is fed to all loudspeakers and decorrelation is
applied to prevent coherence and coloration issues [9].

Figure 2: SIRR: synthesis [6]

Figure 3: SIRR: synthesis, single frequency channel processing [6]

To test the reproduction quality of SIRR, two listening tests were conducted [8]. One
listening test was conducted in an anechoic chamber and another in a standard listening
room. During these tests, they used a hybrid diffuse model for SIRR, producing the low
frequencies using amplitude panning and the high frequencies decorrelated using phase
randomization.

The anechoic listening room test compared the performance of SIRR against using only
phase randomization (i.e., same as SIRR, but assuming the sound field is completely dif-
fuse all the time) and first-order Ambisonics. The playback setup consisted of 16 Genelec
1029A loudspeakers arranged in a spherical setup as shown in Figure 4. However, the
Ambisonics samples only used 4 loudspeakers in a quadraphonic setup, as it was deemed
to produce better results based on previous research. In short, the outcome of the listen-
ing tests was that SIRR performed better than phase randomization alone or first-order
Ambisonics.
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Figure 4: The loudspeaker arrangement used in the anechoic room tests [8].

The standard listening room test measured the RIR reproduction using impulse responses
obtained from real acoustic environments. Since the responses were based on real mea-
surements, there was no feasible way to compare the results with a reference. Therefore,
in this test, they instead asked participants to rate the perceived ‘naturalness’ of the
resulting reverberation. For this listening test, they used Genelec 1030A loudspeakers in
a 7.0 setup depicted in Figure 5. The figure also shows the different listening positions
that were used during the test. Five reproduction methods were compared: SIRR 5.0,
SIRR 7.0, first-order Ambisonics, first-order Ambisonics with direct sound applied to a
single loudspeaker, and omnidirectional signal to all channel with direct sound applied
to a single loudspeaker. Despite having 7 loudspeakers, only the SIRR 7.0 method em-
ployed all the available channels. In the end, the results still showed better performance
for SIRR compared to the other methods. However, the obtained results indicated that
the reproduction quality was between ‘fair’ and ‘good’.

Figure 5: The loudspeaker arrangement used in the standard listening room tests [8].
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3 Higher-order Spatial Impulse Response Rendering
HO-SIRR builds on the original SIRR method by considering higher order spherical har-
monics domain (SHD) input in segments [4]. The segments are uniformly distributed over
the sound-field. The key idea behind this segmentation was that it would improve the
reproduction quality for early reflection arriving at the listener position in the same time-
frequency window, solving the problem of accidentally assigning higher diffuseness values
to nondiffuse sounds.

Figure 6 displays a block diagram of the HO-SIRR technique. First, the input signal is
windowed in time domain and separated in to frequency components, as in the original
SIRR method. However, given higher-order input, HO-SIRR splits each frequency bin to
spacial sectors. Each spatial sector is then processed similarly as in the original SIRR
method with the difference, compared to the original process, that the diffuse stream is
encoded back to SHD. During the synthesis, the nondiffuse channels are then combined
with the decoded and decorrelated diffuse stream.

Figure 6: HO-SIRR: analysis and synthesis [4]

That is, the direct, nondiffuse, stream is formed by panning each beamformer’s first com-
ponent (omnidirectional for first order) using VBAP and summing the results:

𝐲dir =∑
𝑆

𝑠=1

√1− ψ𝑠
𝑆

𝐠(ϕ𝑠, θ𝑠)z
(𝑠)
00 (6)

Where, 𝑆 is the number of sectors and ψ𝑠, ϕ𝑠 and θ𝑠 are the sector specific estimated
parameters. The diffuse SHD stream is formed using:

𝐚diff =

⎩{
{⎨
{{
⎧√ ψ1

(𝑁+1)2
𝐚1 if 𝑁 = 1

∑𝑆
𝑠=1
√ψ𝑠

𝑆 𝐲
(𝑠)
𝑁−1𝑧

(𝑠)
00 if 𝑁 > 1

(7)

Where, 𝑁  is the spherical harmonics order and 𝒚(𝑠)𝑁−1 the spherical harmonics weights
corresponding to the direction of sector 𝑠. The diffuse loudspeaker signals are then formed
by linearly decoding the Ambisonics signal and decorrelation:

𝐲diff = 𝒟[𝐃ls𝐚diff] (8)
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Where, 𝐃ls is the sampling Ambisonics decoder matrix and 𝒟 denotes the decorrelation.
A nice property of this higher-order formulation reduces to the original SIRR method for
first-order input [4].

In [4], they used a spherical array of 64 loudspeakers in an anechoic room to compare
the performance of different configurations of the HO-SIRR method with B-format SDM
and Ambisonics (orders 1, 3 and 5). The comparison was made using a formal listening
test that was split in two parts: one to determine the effect of dedicated diffuse stream
rendering and frequency-resolution, and another to test the effect of spherical harmonic
input order on the perceived accuracy.

Figure 7 shows the results of the first test of [4]. The effect of dedicated diffuse stream
rendering was tested by comparing SDM and the first order (legacy) SIRR with and
without diffuse stream. The effect of frequency-resolution was compared by using different
methods of splitting the signal in to the spectral components. The tested methods were
broad-band (BB), six Equivalent Rectangular Bandwidth (6-ERB), and 128 uniformly
spaced bins (128-bins). Results of the first test indicated that the effect on perceived
quality from increased frequency resolution was less dramatic compared to the added
dedicated diffuse stream rendering [4].

Figure 7: The first test results. [4]

The second test results (depicted in Figure 8) showed that increased spherical harmon-
ics order of the input signal improved the perceived accuracy of the RIR reproduction.
The score improved for higher orders of SIRR, although the effect was diminished for
more transient signals (kick drum). Moreover, the results for the second RIR (Vienna)
showed worse performance. This discrepancy was attributed to the coefficients and win-
dow lengths having been adjusted through informal listening to fit the first RIR (Audi-
torium) [4]. However, the results showed that the performance of HO-SIRR is better than
Ambisonics for first and third order input.
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Figure 8: The second test results. [4]

4 Spatial Decomposition Method
Spatial decomposition method was introduced in [14]. The basic idea was that the direc-
tion of arrival (DOA) could be estimated from the time difference of arrival (TDoA) from
the signals of a regular microphone array. Additionally, the method was later extended
to support similar broad-band PIV DOA detection (SDM B-format), and this was the
variant used in [4].

Figure 9 shows the flow diagram for SDM depicted in [4]. Regarding the choise of DOA
analysis, in [7], it is mentioned that for open arrays of omnidirectional microphones the
TDoA based analysis is preferred, and for SHD input the PIV based DOA detection
estimation is preferred. Both of these DOA analysis methods, however, share the same
limitation of first order SIRR, of not being able to differentiate the DOA of two tempo-
rally closely spaced reflections [7,4]. The analyzed DOA can then be used to either pan
the sound to the nearest loudspeaker (relative to DOA) or to multiple loudspeakers using
VBAP. The time-dependent equalization is primarily used to mitigate some issues during
late reverberation.

Figure 9: Block diagram of the SDM method in [4]

Even though originally the method performed better than SIRR in listening tests [14],
in [4] it was noted that this was because the authors did not employ an anechoic room
for the listening test. Another confounding factor was deemed to be the lower number of
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loudspeakers used in the original listening test. According to [4,7], with higher number of
loudspeakers, SDM (using the nearest loudspeaker rendering) produces a sparse sound.
This is caused by the limited number of loudspeaker channels used in the reproduction
compared to, for example, HO-SIRR where Ambisonics was used for the diffuse stream.

5 Conclusions
Based on the findings of [4], it appears that regarding (HO-)SIRR, there is still room for
research on specifying the coefficients and time windows for optimal reproduction quality.
When it comes to SDM, in [7] several improvements were said to have been made to the
SDM-toolbox implementation to compensate for the issues with roughness and transient
signals, that were also found in [4]. However, the last update to SDM-toobox was before
the paper was published, in 2018 [15].

The author of this seminar paper declares the fact that they have not had an opportunity
to read all the relevant literature on the topic during the time of writing. Therefore, the
conclusions might be outdated and flawed.
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