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Part 1

Backgrounds

This section introduced the application of spatial audio coding
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Sampling pre-processing Encoding

Decoding post-processing Storage

Sampling equipment:

LU

‘ Linear array Planar array Three-dimensional array |



Multichannel speech coding scheme
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Spatial Audio Coding (SAC) scheme
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SAC technique overview

C. Faller, F. Baumgarte proposed Binaural Cue Coding.

The MPEG Surround Audio Coding
Standardized.

Jeroen B, Par SV D, Armin K, et al proposed
Parametric Coding of Stereo.
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/ This part introduces the linear interpolation relationship between the signals of the linear
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microphone array
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Far field linear microphone array
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Signal model of far filed linear microphone :

Linear energy decay gradient
10 dm
n—— qm = qo + m X d

Xm[n] = ——s
VAT Ve Evenly distributed inter-channel time delay

Gannot, S.; Vincent, E.; Markovich-Golan, S.; Ozerov, A. A Consolidated Perspective on Multimicrophone
Speech Enhancement and Source Separation. IEEE/ACM Trans. Audio Speech Lang. Process. 2017, 25, 692-730.
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Far field linear microphone array

X [n] = 10 S [n _m Gm = o + m X d Considering Taylor Formula: £= 1+e+o(e?)
Vanrqg, Uc " 2
P —p ( 10 > 52 2d
_ — Zm
0 m Véamq, ° do
power of directional source:
Po—Pn Po— Py
6% = E[(s - E[s])?] =
Pn = E[(xy — E[xm])z]
The time delay relationship between
Energy relationship between channels: channels are obvious:
10 ° 10 2
Py — P, = ( ) 82— ( ) 82 _qm—qo_mxd_m B
0 m \/47‘[q0 s \/47'[(6[0 + md) S fm(T) — v, = v, M (fM(T) fO (T))
— 0 ’ 62 1 1
= 41 ) % 2md 1 (2md\? The coherence between channels are assumed to
do
1+ qo + 1( do ) be the same in this situation.

Once the signals of first and last channels are obtained, the relationship between any

I intermedia channel and first channel could be derived. I



Part 3

Codec structure

This part introduces the encoder and decoder structure of the multichannel coding system
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Human hearing system

The human ear has different sensitivity to different frequency
signals Window FFT Group

components of sound. (More sensitive to low frequency

components than high frequency components )
o Signals are segmented into overlapping
frames with a window ;

2000Hz

1500Hz

e Each segment is subsequently transformed
to the frequency domain using an FFT;

3000Hz

TOP of basilar
membrane

Bottom of
basilar
membrane

9 Frequency domain signals are divided into
nonoverlapping subbands by grouping of
FFT bins. The form is following equivalent

20000H7 4000Hz rectangular bandwidth (ERB).

b-1 b b+1
5000Hz +1

7000Hz

ERB(f) =24.7x(4.37x £, /1000 +1)

0 b - .-

FFT-bin index m




@ Multichannel encoder

0 the downmix signal is obtained by averaging all signals time-aligned
with the first channel, then sent to any Mono-channel audio codec
for encoding and transforming.

Q Extract the inter-channel level difference(ICLD) parameters:

N-1 .
Zk Xy [ K] |2
YR Xl k12
9 Extract the inter-channel time difference(ICTD) parameters:
ICTDy m [i, b]

— argmin (Z:_lu(xg; [ir k] Xy [ k]) — % ) )

ICLDO,M [l, b] ==

1010g10

T

e Extract the inter-channel coherence difference(ICC) parameters:
R( 28 (Gl kX [ir kD))
N-1

Sl S

ICCOM[l b

XMI

ENCODER

XM XO XM

S -

DOWN-MIX TO
MONO SIGNAL

S1L0 Ol
< 5

ICLD,,,, ICTD,,, ICC,,,

= -

[ MONO CODEC }

S -

{ QUANTIZION }

ICLD: the energy level ratio between channels

ICTD: the time difference between channels

ICC: the correlation or coherence between

channels.




@ Multichannel decoder

o Use the received downmix signal after transmission and a unique
set of spatial parameters to up-mix to obtain the reconstructed

first and last channel signals:
lfol _ | et%cos(a)  Ayetfsin(a) [ ¢ ]
Xm Lef2cos(—a)  Ayetfzsin(—a)| D(C)

A1, A3, 04, 05, a are correlated with transmitted spatial parameters and
D(¢) is a decorrelation process for downmix signal, all above is detailed
in reference below.

9 Interpolating other the spatial parameters of intermedia channels and
the first channel:

ICLDg i’ b]
Poli] m [ Pyli]
= 101 — ——| = — 1)1+ ICLD ' b
o810 Pyli] M <PM[i] ol D]

m
ICTDomlir b] = 4 (ICT Dy [i2 b])

ICCO,m[i' b] == ICCO,M [l’ b]

Breebaart, J., van de Par, S., Kohlrausch, A. et al. Parametric Coding of Stereo Audio. EURASIP J. Adv. Signal
Process. 2005, 561917 (2005).
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When the decoded downmix signal and spatial parameters
between the channels are available.
the signals of each channel are up-mixed as same as the first step.
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Experiments

Basic Settings

Based on MASS method and Pyacousticroom simulator,
a shoebox room is established, and then simulated

data is generated. (Reference below)

>

8 microphone array, spaced 4 cm apart

Cheng, Rui & Bao, Changchun & Cui, Zihao. (2020). MASS: Microphone Array Speech
Simulator in Room Acoustic Environment for Multi-Channel Speech Coding and

Enhancement. Applied Sciences. 10. 1484.

Room Simulation — Pyroomacoustics 0.6.0 documentation

https://github.com/LCAV/pyroomacoustics

Bitrate settings

Down-mix Parameters Total
PS 512 kb/s 40 kb/s 552 kb/s
BCC 128 kb/s 70 kb/s 198 kb/s

Proposed 128 kb/s 10 kb/s 138 kb/s

Explanation:

Downmix signals are transmitted by EVS with bitrate 128Kbps.
PS denotes Parametric stereo method
It produces 4 sets of downmix signals and parameters

BCC denotes Binaural cue coding method
It produces 1 set of downmix signals and 7 sets of
parameters

Proposed denotes topology combined method
It produces 1 set of downmix signals and1 set of

parameters




Evaluations

Perceptual evaluation of speech quality (PESQ)

A kind of objective speech quality evaluation method.

The score ranges from -0.5 to 4.5, the higher, the better.
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log spectral distance(LSD)
A kind of objective speech quality evaluation method.

It measures the spectral distortions, the lower, the better.

Ref PS PROPOSED BCC LOWPASSED
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Conclusion

This paper follows the concept of spatial audio coding (SAC), constructed a multichannel coding system

for a linear microphone array. The coding efficiency is improved by transmitting the spatial parameters
rather than all channels.

Topology

The method proposed only needs to transmit one down-mix signal and the minimum spatial parameters

related to the first and last channels of the array. By combining with the topology of the array, finally all
the array signals are recovered.

It is potential to consider the feasibility of using array topology to further reduce the redundancy and
improve the effectiveness of multi-channel signal transmission in a variety of microphone array
structures, not only the linear array.
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Thanks

That is all my presentation

Instructor: prof. Changchun Bao Reporter: yao zhou
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