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Abstract

This paper targets at enhancing the noisy soundfield over the
entire recording area and all the individual channels, while pre-
serving the spatial clues of the original soundfield. For the goal,
we utilize a recently proposed spherical harmonics (SH) domain
feature denoted relative harmonic coefficients (RHC) as it com-
pactly contains the source’s spatial information. Specifically,
we (i) propose an unbiased estimator of RHC in noisy environ-
ments; (ii) estimate the source signal in noisy environments us-
ing a SH domain beamformer; (iii) enhance the SH coefficients
by multiplying the estimated RHC and source signal; and (iv)
reconstruct the entire soundfield based on the enhanced SH co-
efficients. Finally, we evaluate and validate the performance of
the enhancement algorithm using extensive simulations.

Index Terms: spatial acoustic enhancement, spherical harmon-
ics domain, relative harmonic coefficients

1. Introduction

In practical application scenarios such as speech communi-
cation and human-computer interaction, noise or interfering
sources noise would disrupt the target signals, thereby degrad-
ing speech quality and intelligibility. Fortunately, this nega-
tive effect can be effectively mitigated with the multi-channel
speech enhancement [1, 2], which has been an active topic
in acoustic signal processing, aiming at recovering the clean
speech signal from the noisy recordings [3, 4].

Over the past few decades, we have witnessed notable ad-
vancements in enhancing the noisy signal using planar micro-
phone arrays (e.g., linear and circular arrays) [5, 6, 7, 8]. For
these methods, the multi-channel signals are directly processed
by steering a spatial filter (beamformer), then the source signal
on the microphones is enhanced. In contrast, spherical micro-
phone array, capturing the three dimension (3-D) soundfiled, is
more suitable as it decomposes the soundfield into the spheri-
cal harmonics (SH) domain [9, 10, 11]. The spherical arrays
encode the sound pressure into the SH domain first, then filter
and sum the SH coefficients [12, 13]. Early methods such as
[14, 15] focus on only the enhancement of the received signal
at the origin of the array, losing the spatial clues of the desired
soundfield. A solution to this problem is the directional audio
coding [16, 17], extracting the source signal and spatial param-
eters independently during the recording phase, then these clues
are used to synthesize desired acoustic signal. Another solution
in [18] is to use a least mean squares filter to denoise the SH co-
efficients concerning the entire soundfield, while assuming the
source DOA is known as prior knowledge. To overcome the
drawback relying on an additional localization technique, Hu et
al. proposed to enhance the whole soundfiel using relative har-
monic coefficients (RHC) [19], as this feature compactly con-
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tains the source spatial information [9, 20, 21]. However, the
RHC is estimated biasedly as it ignores the impact of the noise
power spectral density (PSD). Additionally, the source signal is
obtained by utilizing a fixed SH-domain beamformer limited to
the far-field scenarios [22, 23], thus makes it is suboptimal.

In contrast, this paper presents an improved solution con-
cerning the RHC based enhancement algorithm. According to
the definition of the SH coefficient, we can decompose it into
the product of RHC and source signal. Consequently, it is es-
sential to estimate these components as accurate as possible.
Compared to the RHC estimation method developed in [19],
the proposed scheme is more robust, as the noise statistics is
taken into consideration, leading to an approximate unbiased
RHC estimator. Besides, an accurate RHC estimates further
enhances estimating the source signal. It is worth mentioning
that the method not only recovers the individual channels, but
enhances the entire 3-D soundfield, as it estimate the SH co-
efficients of the whole soundfield order rather than the source
signal at the array origin. In the sequel, we first introduce the
system model. Then, we present the improved spatial acoustic
enhancement method in Section 3. In section 4, the enhance-
ment performance is evaluated and verified. Finally, section 5
concludes this work.

2. Preliminaries
2.1. Signal model

Consider a spherical microphone array consisting of J omnidi-
rectional sensors with the spherical coordinates of each sensor
(r,¢;,7;), where r is the radius of array, ¢; and 1, are the re-
spective azimuth and elevation in the range of (0, 27] and [0, 7]
(see Figure 1). The signal received by the j-th channel in the
short-time Fourier transform (STFT) domain is modeled as,

where [ € {1,2,...,L} and k € {1,2,..., K} are the time
frame and frequency indices, respectively; X;(I, k), S(I, k),
H,(l,k) and V;(l, k) denote the STFT coefficients of the mea-
sured sound pressure, the acoustic impulse response from the
sound source to the j-th channel, and the additive noise at the
j-th channel. Note that the source signal is typically assumed
to be uncorrelated with the noise.

2.2. Spherical harmonics decomposition of sound pressure

The sound pressure in (1) can be decomposed into the SH do-
main [9],

n

N
Xi(Lk) =" D" anm(lk)Bu(kr)Yum(p5,95), (2)
n=0m=—n
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Figure 1: Illustration of a spherical microphone array for sound
pressure measurement.

where N = [kr] is the truncation order of soundfield, [-] de-
notes the ceiling operator, k = 27 f /c is the wave number, f is
the frequency, c is the velocity of sound, and 3, (-) is a function
dependent on the array configuration [24],

for open array
4G G
h (<)

hn(e), forrigid array

where ];L() and h/n() denote the first derivative of spher-
ical Bessel and Hankel functions, respectively. The term
Yam(pj,9;) in (2) is the SH function with order n and mode
m, defined as,

Yom (@, 9) Pmn(cosﬁ)e"”“a7 “)

2n+1) (n —m)!
4 (n+m)!
where Py, (-) is the associated Legendre polynomial, and,

J

1 *
Tty 2 WX (L R)Yiim (05, 93),
n =1

nm (1, k) = (5)

where anm (I, k) denotes the SH coefficients containing the
soundfield information withing the recording area, w; is the
sampling weights designed to maximize the validity of (2), and
()™ denotes the conjugate operator.

2.3. Problem formulation

Decomposing the noisy multi-channel pressure into the SH do-
main, the SH coefficients also denote a combination of source
signal and noise,

Anm(l, k) = @nm (1, k) + vam (1, k)

= Aum (L, K)Goo (1, k) + vam (L, k) ©

where &nm (1, k) and vynm (1, k) represent the SH coefficients of
desired signal and noise. The term A, (, k) denotes the RHC,
Anm (L, k) = Gnm (1, k) /&oo(l, k). @)

The aim by this paper is to estimate &nm (I, k) from the (N +
1) noisy SH coefficients, cvnm (I, k). From (6) we know that
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the coefficient of desired signal, &nm (I, k), can be written as the
product of A, (1, k) and éuoo (1, k). Hence, we divide the signal
denoising task into three steps, (i) estimating RHC, Apm (1, k);
(ii) estimating the desired source signal, qoo(l,k); (iii) Syn-
thesizing the desired signal of any channel by substituting the
estimated Gnm (I, k) t0 anm (1, k) in (2).

3. Proposed Algorithm
The proposed method comprises of three steps elaborated in de-
tail below.

3.1. Estimation of RHC

Assume the source signal is nonstationary over a short time seg-
ment, while the acoustic transfer function and the statistics of
the noise signal is stationary [25, 26]. And, such properties also
hold in the SH domain, thus we rewrite the second row in (6),

annL(l) - )\nnL(l)aOO(l) + Ynm (l)> (8)
where
'Ynm(l) = Unm (l) - >\7Lm(l7 k;)'UOO (l) )
The cross-PSD at the [-th frame is given as,
Loy maoo (l) = )‘nm(l)q)aooaoo (l) + ®y,ma0o (l), (10)

where @, 000 (1) = E [@nm()age(1)], and E [-] denotes the
mathematical expectation operator. Note that the frequency in-
dex k is omitted in this subsection for notational convenience.
We estimate the cross-PSD at the [-th frame using a short-time
average over a time segment, where a time segment is composed
of R successive frames,

~

Doy oo (l) = Anm (l)q)aooaoo (l) + ®5ma0o (l) + €nm(l)7

(11)
where
enm (1) = Pr,pnago (1) = Poypmago (1)
V=1+1o
Parpymano (1) = Z anm(ll)O‘SO (l,)
2o+1, 57, (12)
1 U=+l
Pagoano (1) = 2o+ 1 Z aoo(!)ego (1)

U=l—1o

where 2lp + 1 = R, then (11) can be reformulated in a matrix
form within R time frames,

i)anmaoo (1) §a000400 (1 1
Pamaoo (2) _ Pagoage(2) 1 [ Anm (1) :| n €nm(2)
: B ¢'Ynm0¢()u (l) :
Doy maoo (1) Pagoae (R) 1
(13)

The optimal solution of RHC can be obtained by applying a
weighted least-squares to the above set of overdetermined equa-
tion [27],

A (1)

((/ﬁan,nl @00 (l)

)

Qnm Q00 (l)) — (&\)aooaoo (l)) ((/I;amnaoo (l))
(62 (l)) - (&;&000400 (l))2

0000

)

(14)

€nm (1)

€Enm (R)
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Figure 2: The results under different iSNR, where the first two subgraphs are the NMSE of RHC vector and source signal, the last two
subgraphs are the o0SNR and PESQ scores of the enhanced signal.

where
’
' =1+l

ST e,

U =1-1g

1

2lp+1 (15)

(@) =

Hence, an estimated /N-order RHC vector can be obtained,

AN(LE) =LA, 1 (Lk), s Ann(LE)]T,  (16)

where (-)7 denotes the transpose operator.

3.2. Estimation of source signal

This subsection estimates the source signal at the array origin,
which coincidentally denotes the zero-order SH coefficient [19].
Hence, the desired source signal can be estimated by employing
a SH-domain beamformer, such as maximum signal-to-noise
ratio, wiener, and minimum variance distortionless response
(MVDR) filters. Here, we select the MVDR filter as the unbi-
ased RHC vector has been given in (16). To minimize the zero-
order SH coefficient of residual noise power while constraining
the distortion of the desired signal as minimally as possible, the
MVDR beamforer is modeled as [15, 28],

m&nhHRm,h st. hay = 1. a7
With Lagrange multiplier, the solution of (17) is given as,
-1
= pw AN (18)
ARG AN

where (-)~! and () denote the inverse and conjugate trans-

pose operators of a matrix, respectively.

According to (18), we know that the beamformer relies on
both noise covariance matrix and RHC vector. The former term
can typically be estimated using a reliable noise estimator de-
veloped in [29] or [30], while this is beyond the scope by this
paper. We directly compute the matrix from the noise only sig-
nal using a recursive method [31],

Ry (L, k) = Ry (I —1,k) + (1= &)vn (L, k) vk (1, k), (19)

where £ € (0,1) is the forgetting factor, which manages the
impact of prior data samples on the current estimate, and an
optimal parameter is determined through experiments in section
4. We then estimate the source signal by,

aoo(l,k) = b (1, k)an (1, k), (20)
where
an(l,k) = [aoo(l, k), ar,—1 (L, k), ..., ann (1, k)" o
on (L, k) = [voo (L, k), v1, 1 (L, k), ..., onn (1, k)] "
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3.3. Desired signal estimation

Multiplying the estimated RHC vector in (16) with the en-
hanced source signal in (20), we can obtain the SH coefficient
vector up to the entire /N-th order, i.e.,

an(l,k) = xn(l, k)aoo(l, k)

22
= [aoo(lvk)ﬂal,*l(hkL“'7aNN(l7k)]T ( :

Then, the clean sound pressure at (I, k) is reconstructed as,

= N
X k) =3
n=0

Repeat the above procedures at bin level over entire STFT do-
main, the desired sound pressure of any channel, as well as the
soundfield radiated by sound source can be reconstructed. With-
out losing generality, this paper estimates the enhanced speech
signal of the first microphone by employing the inverse STFT
to recover time domain signal.

n

> Gl k)Bu (k) Yom(95,9;5). (23)

m=—n

4. Simulations

This section validates the performance of the proposed spa-
tial acoustic enhancement method under diverse noisy environ-
ments. We simulate an anechoic room with size of 6 m X 4 m X
3 m, where an open spherical microphone array with 32 chan-
nels (radius 0.042 m) is placed 1 m away from the speaker, the
room impulse response (RIR) is generated using an available
tool based on image-source method [32]. The clean speech
signals are randomly selected from the Nippon Telegraph and
Telephone (NTT) corporation database [33], which are down-
sampled from 16 kHz to 8 kHz. Subsequently, the recordings
are obtained by convolving RIRs with the speech signals, and
Gaussian noise is added to each individual channel. In the pa-
rameter setting of converting time domain signal to frequency
domain using STFT, the length of hamming window is 256 sam-
ples, the overlap rate is 75%, and the number of samples for the
fast Fourier transform (FFT) is the same as the window size.
Note that [y in (12) is set to 2 in this study.

Table 1: The results of different forgetting factor for the en-
hanced signal

13 0.1 0.3 0.5 0.7 0.9
NMSE (dB) | -1.46 | -5.81 | -8.02 | -8.58 | -8.12
oSNR (dB) | 4.45 | 13.27 | 17.78 | 19.18 | 19.69

PESQ 2.75 3.63 3.97 4.10 3.46
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mal error compared to the reference methods under a lager noise
level. Both the proposed and biased-based methods realize sim-
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results of the enhanced signal presented in the third subgraph,
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Figure 4: Clean, noisy and enhanced time-domain speech sig-
nal in the case of 5 dB noise.

‘We compare the performance of the proposed method with
two reference methods, one is the biased RHC estimation-based
method proposed in [19], and the method without RHC estima-
tion (i.e., RHC is obtained directly by dividing the noise sig-
nal) as baseline. The normalized mean squared error (NMSE)
is used to measure the accuracy of the original and estimated
values.

_ a2
NMSE = 10log,, %, (24)
where || - || represents the [ norm, S stands for clean RHC vec-

tor, clean source signal and clean recording, and S denotes their
estimates. Additionally, we use the output Signal-to-Noise Ra-
tio (0SNR) to evaluate the noise reduction result of the proposed
method [34], and the Perceptual Evaluation of Speech Quality
(PESQ) as a measure of speech intelligibility [35].

We first study the impact of different forgetting factors on
NMSE, oSNR and PESQ scores for the enhanced speech signal
in the case of 10 dB noise, and the results are shown in Table
1. It is observed that a smaller or larger £ typically results in a
decline in the performance of the enhanced signal. According
to the results, we set £ to 0.7 as an optimal threshold for the
following experiments.

Figure 2 depicts the respective results under various iSNRs
of NMSE for the RHC vector and the source signal, as well as
the oSNR and PESQ scores for the enhanced signal. Observing
the first two subgraphs, we see the NMSEs of both the RHC
vector and source signal of all methods decrease with the de-
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it can be seen that their oSNR significantly improves, i.e., the
noise has been mitigated effectively, and the noise reduction ef-
fect of the proposed method is better than the other methods
when iSNR < 20 dB. However, the noise reduction perfor-
mance of the proposed method seems to be less advantageous
at a higher iSNR. While reducing noise, it is also necessary to
ensure the intelligibility and quality of the enhanced signal. As
shown in the last subgraph of Figure 2, all these three methods
improve on PESQ score. We see that the RHC estimation-based
methods achieve a satisfied speech intelligibility and quality,
and the proposed method obtains a more prominent percep-
tual effect, while baseline method shows a significant difference
compared to the RHC estimation-based methods.

Practically, the enhancement of SH coefficients is equiva-
lent to reducing the noise in the soundfield as it is usually rep-
resented by a set of SH coefficients [18, 19]. In order to show
the enhancement performance more obviously, Figure 3 demon-
strates the respective clean, noisy and enhanced 3-D sound-
field where iSNR = 5 dB (f = 2 kHz). Figure 4 plots the
corresponding time-domain signal waves with the same noise
level. We observe that the noise in both the soundfield and time-
domain signal has been significantly eliminated, with few dis-
tortions, due to two critical factors: (i) an accurate estimation
of RHC; and (ii) the covariance matrix computed directly from
the noise signal is combined with the estimated RHC vector, so
that the MVDR filter can estimate the source signal efficiently.

5. Conclusion

This paper presents a spatial acoustic enhancement approach
using unbiased relative harmonic coefficients, which is mainly
divided into two steps of estimating the spatial clues and source
signal. It can enhance both the received recording and the whole
soundfield, rather than solely extracting the source signal with-
out any spatial information. This is particularly meaningful
for spatial audio reproduction systems. Extensive simulation
results validate the enhancement performance of the proposed
method. A potential future work is to extend this approach to
the more challenging multi-source scenario.
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