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Abstract— The well-known Remote Microphone Technique 
(RMT) creates quiet zones at locations away from physical 
microphones, making it suitable for active noise control (ANC) in 
large-scale open environments. Conventional centralized RMT 
algorithms rely on a single processor for multi-point noise 
prediction and global control filter updates. However, the 
resulting high computational cost limits scalability in practical 
applications. Recently, distributed RMT approaches based on 
incremental strategies have been proposed, where each node in the 
acoustic device network performs local noise prediction and 
participates in global filter estimation, thereby distributing the 
computational load across the system. However, the serial 
communication mechanism inherent to incremental strategies 
increases vulnerability to link failures and leads to excessive 
communication latency, which may violate ANC causality 
constraints and degrade noise reduction performance. This paper 
proposes a distributed RMT scheme based on an augmented 
diffusion strategy. By leveraging neighborhood cooperation and 
parallel communication, the proposed method reduces 
computational complexity and significantly shortens 
communication latency. Simulation results and system complexity 
analyses demonstrate that it achieves consistent steady-state noise 
reduction performance with significantly lower computational 
and communication costs.  

I. INTRODUCTION 
Active noise control (ANC) has been extensively studied as 

an effective approach for mitigating low-frequency noise in 
various acoustic environments, including vehicle cabins [1, 2], 
aircraft [3], and open spaces [4]. Among ANC techniques, the 
Remote Microphone Technique (RMT) has attracted 
significant attention due to its ability to attenuate noise at target 
positions without deploying physical microphones [5]. RMT 
estimates the virtual error signals at virtual microphones, which 
represents residual noise signals at the target listening points, 
by using the physical error signals measured by physical 
microphones and the loudspeaker output signals. The estimated 
signals are then used to update the control filters, which adjust 
the loudspeaker output signals to achieve noise reduction [6].  

Conventional centralized RMT (CRMT) schemes iteratively 
update global control filters based on the estimated virtual error 

signals [7]. Although CRMT exhibits robust convergence and 
noise reduction performance, its high computational 
complexity limits scalability and flexibility in practical systems 
with a massive number of loudspeakers and microphones.  

To reduce the system computational burden, a distributed 
RMT algorithm based on incremental strategies has been 
proposed [8]. Incremental RMT (IRMT) distributes the 
computational tasks of a centralized processor across 
distributed nodes through serial communication and 
collaborative processing mechanisms [9]. Each node locally 
estimates the global control filter using its own microphone and 
loudspeaker signals. Although IRMT effectively reduces the 
computational load on a single processor, its serial 
communication topology increases vulnerability to link failures 
and may introduce excessive latency, which degrades noise 
reduction performance.  

In contrast, diffusion strategies employ a parallel 
communication mechanism, where each node can establish 
direct communication links with others in real-time distributed 
ANC systems [10]. Single-task [11] and multi-task [12] 
diffusion strategies were among the earliest control approaches. 
However, the former aims to optimize global control filter, 
leading to higher computational complexity at each node, while 
the latter focuses on local control filter but enforces similarity 
across nodes, which may degrade noise reduction performance 
under asymmetrical acoustic paths. To overcome these 
limitations, an augmented diffusion strategy was developed [13, 
14], in which each node optimizes an augmented control filter 
consisting of its own and neighboring nodes’ control filters. 
Through neighborhood-wide adaptation and node-specific 
combination, this strategy maintains effective noise reduction 
with low computational complexity. However, its steady-state 
performance remains sensitive to the combination rule. To 
improve robustness, a constant edge-weighted combination 
rule was introduced for real-time distributed ANC systems [15]. 
Furthermore, a mixed-gradient diffusion strategy with 
compensation filtering has demonstrated improved robustness 
and resilience to communication delays [16].  

Most existing diffusion-based ANC algorithms are designed 
to minimize error signals at physical microphone positions and 
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do not fully address the unique challenges of RMT. This paper 
proposes an augmented diffusion-based RMT (ADRMT) 
scheme that achieves virtual error signal estimation and noise 
reduction at target listening positions through network-wide 
adaptation, neighborhood-wide adaptation, and node-specific 
combination. Simulations on an 8-channel ANC headrest 
system show that the proposed ADRMT achieves noise 
reduction performance comparable to existing centralized and 
incremental RMT schemes, while requiring lower 
computational complexity and communication latency. 

Notation: Italic letters (e.g., x, X) denote scalars. Boldface 
lower-case (e.g., x) and capital letters (e.g., X) denote vectors 
and matrices, respectively. The superscript  T

  denotes 
transpose, and 2

  represents the ℓ2-norm. The operator 
col{  } stacks its vector arguments as a column vector. The 
operator [ ]  denotes the statistical expectation.  

II. EXISTING REMOTE MICROPHONE TECHNIQUES 
A. System Model 

Consider the ANC headrest system illustrated in Fig. 1, 
where A pairs of secondary loudspeakers and physical 
microphones are deployed to suppress the primary noise at A 
target listening positions (i.e., virtual microphones) without 
microphones. This paired loudspeaker-microphone 
configuration is used to clearly illustrate the algorithmic 
process of the proposed Augmented Diffusion Remote 
Microphone Technique, which can also be extended to non-
paired configurations via the extended augmented diffusion 
strategy [15]. Before ANC operation, measurement 
microphones are temporarily placed at the target listening 
positions to identify the observation acoustic paths between the 
physical microphones and target listening positions using the 
least-squares method [17]. During ANC operation, these 
microphones are removed, and the pre-measured paths are used 
to predict residual noise at the target listening positions, 
enabling virtual microphone-based noise suppression. 

The virtual error signal at the a-th virtual microphone at time 
instant n is estimated by  

 T
, , ( , ),

1

ˆ ˆˆ ( ) ( ) ( ),
A

a a a l l
l

e n b n n


 v v vq g  (1) 

where ,
ˆ ( )ab nv  represents the estimated primary noise at the a-

th virtual microphone. 1
( , ),ˆ Q

a l
vq   denotes the measured 

acoustic path between the a-th virtual microphone and the l-th 
secondary loudspeaker, modeled as an FIR filter with Q taps, 
which can be identified through either offline or online path 
measurement techniques [18]. 1( ) Q

l n g   is the output 
signal vector of the l-th secondary loudspeaker.  

The primary noise ,
ˆ ( )ab nv  is estimated from the physical 

microphone signals and the observation acoustic paths by 

 T
, ( , ),( , ) ,

1

ˆ ˆˆ( ) ( ),
A

a a c c
c

b n n
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v v p pr b  (2) 
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Fig. 1 Block diagram of the ANC headrest system.  

 
where T 1

( , ),( , )ˆ R
a c

v pr   represents the pre-measured 
observation acoustic path with R taps between the c-th physical 
microphone and the a-th virtual microphone. 1

,ˆ ( ) R
c n pb   

denotes the estimated primary noise signal at the c-th physical 
microphone, which is computed as 

 T
, , ( , ),

1

ˆ ˆ( ) ( ) ( ),
A

c c c l l
l

b n e n n


 -p p pq g  (3) 

where , ( )ce np  is the physical error signal measured at the c-th 
physical microphone. ( , ),ˆ c lpq  denotes the measured acoustic 
path between the c-th physical microphone and the l-th 
secondary loudspeaker. By substituting (2) and (3) into (1), 
the estimated virtual error signal is expressed as  

 T T
, ( , ),( , ) , ( , ),

1 1

ˆ ˆˆ ( ) ( ) ( ),
A A

a a c c a l l
c l

e n n n
 

 - v v p p vr e s g  (4) 

where 1
, ( ) R
c n pe   denotes the physical error signal vector. 
 1 1

( , ),ˆ R Q
a l

 - vs   represents the cascaded acoustic path, 
obtained by convolving T

( , ),( , )ˆ a cv pr , ( , ),ˆ c lpq  and ( , ),ˆ a lvq . 
Equation (4) indicates that the physical error signals and 
loudspeaker output signals can be jointly used to estimate the 
virtual error signals, which are then employed to update the 
loudspeaker output signals for noise suppression at the target 
positions.  
B. Centralized Remote Microphone Technique 

As illustrated in Fig. 2(a), the conventional Centralized RMT 
(CRMT) first collects the global physical error signal and 
global loudspeaker output signal to estimate the global virtual 
error signal. The global control filter is then updated based on 
the estimated global virtual error signal, and the loudspeaker 
outputs are subsequently adjusted to achieve noise reduction.  

Quantitatively, the essence of the CRMT lies in minimizing 
the true noise at the target listening positions under the 
assumption that the estimated global virtual error signals 
ˆ ( )nvE  are sufficiently accurate. Thus, CRMT uses a cost 

function consistent with classical centralized strategies for 
broadband [19] and narrowband [20] noise reduction. 

 C T( ) ( ) ( ) ,J n n   v vw E E  (5) 

where ( )nvE  is the true global virtual error signal vector. 
According to (1) and Ref. [21], the true global virtual error 
signal can be expressed in filtered-reference matrix form as  
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where 1U
l

w   denotes the control filter for the l-th 
loudspeaker, which filters the reference signal 

T( ) [ ( ) ( 1) ( 1)]n x n x n x n U - - x   to generate the 
corresponding loudspeaker output signal T( ) ( ) ( )l lg n n n w x . 
The vector ( )nvB  denotes the true primary noise at the virtual 
microphone positions. The filtered-reference matrix v,lX  
contains the filtered-reference signals obtained by filtering the 
reference signal through the acoustic path between the virtual 
microphone and the loudspeaker. Its sub-vector is defined as 

T
,( , ) ,( , ) ,( , ) ,( , )[ ( ) ( 1) ( 1)]v l v l v l v lx n x n x n U - - F F F Fx  , where 

,( , ),( , ) ( ) [ ( ) ( 1) ( 1)] vv l lx n x n x n x n Q - -  vF q , and 
,( , )v lvq  denotes the acoustic path between the v-th virtual 

microphone and the l-th secondary loudspeaker. The global 
control filters are updated using the stochastic gradient descent 
algorithm as  

 C Tˆ( 1) ( ) ( ) ( ),n n n n  - v,l vw w X E  (7) 

where C  is the step-size of the CRMT, and ˆ ( )nv,lX  is the 
estimated filtered-reference signal matrix with the measured 
acoustic path.  

According to (4), the global virtual error signal ( )nvE  in 
(7) can be estimated by using the global physical error signals 

( )npE  and the global loudspeaker output signals ( )nG  as  
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The estimated virtual error signal in (8) is then used to 
update the global control filter as defined in (7), which yields 
the conventional CRMT update formula given by 

 C Tˆ ˆ( 1) ( ) ( ) ( ).n n n n  - v,l vw w X E  (9) 

Equations (8) and (9) show that CRMT estimates the global 
virtual error signal and updates global control filter in each 
iteration, resulting in high computational complexity.  
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Fig. 2 Block diagrams of (a) CRMT, (b) IRMT, and (c) ADRMT strategies 

implemented in ANC headrest systems.  

C. Incremental Remote Microphone Technique 
As shown in Fig. 2(b), the Incremental Remote Microphone 

Technique (IRMT) structures the system as a distributed node 
network with serial communication. In each iteration, each 
node estimates the global virtual error signal from local 
acoustic signals, updates the global control filter, and passes the 
result to the next node. After all local updates, a global 
propagation phase sequentially delivers the final control filter 
to all nodes for the next iteration.  

Specifically, the global virtual error signal in (8) can be 
written as an incremental sum of local estimates, given by 

 ,( , ) ,( , ) , , ,
1 1

ˆ ˆ( ) ( ) ( ) ( ) ,
A A

d d d dd
d d

n n n n
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   -  v v p v p p v GE E R e S g  (10) 

where         
T

,1 , ,2 , , ,,( , )
ˆ ˆ ˆ ˆ( ) [ ( ) ( ) ( )]d d A dd n e n e n e n v p v p v pv pE   

and   , ,ˆ ( )a de nv p  represents the estimated virtual error signal 
at the a-th virtual microphone using the physical error signal 
and loudspeaker output signal of the d-th node. The matrices 
are defined as T

,( , ) ( ,1),( , ) ( ,2),( , ) ( , ),( , )ˆ ˆ ˆ[ ]d d d A dv p v p v p v pR r r r  
and  

T
, , ( ,1), ( ,2), ( , ),ˆ ˆ ˆ[ ]d d d A dv G v v vS s s s , which are the 

sub-vectors of ,v pR  and ,v GS  in (8), respectively.  
By substituting (10) into (9), the global control filter update 

can be rewritten as  
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where ,( , ) ( 1)d n v pw  denotes the contribution of node d to 
the global control filter update. As observed from (11), the 
IRMT scheme distributes the computational load across all 
nodes, thereby alleviating the burden on a centralized processor. 
Essentially, IRMT decomposes the global update expression of 
CRMT in (9) into an incremental accumulation of local updates 
computed at each node. Under ideal conditions without 
communication delays or constraints, IRMT can achieve 
convergence speed and noise reduction performance consistent 
with those of CRMT.  

III. PROPOSED AUGMENTED DIFFUSION REMOTE 

MICROPHONE TECHNIQUE 
The algorithm flow of the proposed Augmented Diffusion 

Remote Microphone Technique (ADRMT) is illustrated in Fig. 
2(c). Unlike the serial communication architecture used in 
IRMT, ADRMT adopts parallel communication architecture to 
alleviate link failure issues and reduce communication latency. 

Fig. 2(c) illustrates that the update of node d’s control filter 
involves three phases: network-wide adaptation, 
neighborhood-wide adaptation, and node-specific combination. 
In the network-wide adaptation phase, all nodes utilize their 
local physical error signals and loudspeaker output signals to 
estimate the augmented control filters for the neighborhood 

d  of node d, and transmit the estimated results to the 
neighboring nodes d . In the neighborhood-wide adaptation 
phase, the neighboring nodes d  aggregate the received 
estimates and update the augmented control filters accordingly. 
In the node-specific combination phase, node d receives the 
updated control filter estimates from its neighboring nodes 

d , combines them with its own control filter estimates to 
update its own control filter, and then transmits the updated 
result back to the neighboring nodes d  to initialize the next 
iteration of the neighborhood-wide adaptation phase.  

Quantitatively, the cost function of the conventional 
Augmented Diffusion algorithm [22, 23] is defined as  
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where the superscript AD indicates the Augmented Diffusion 
strategy. col{ }, dd h h φ w   denotes the augmented 
control filter. ˆcol{ },d

dd h h ψ w   represents the local 
estimate of the augmented control filter based on the local 
virtual error signals. The coefficients d  and dh  are used to 
balance the local error estimation term and the neighborhood 
regularization term. The selection matrix d U Ud

h
Ω   is 

employed to select the node-specific control filter hw  from 
the augmented control filter dφ , and the same applies to dψ .  

By applying the Augmented Adapt-Then-Combine (AATC) 
strategy to the cost function in (12), the corresponding 
adaptation and combination equations are given by
 AD

,( 1) ( ) ( ) ( )dd d d dn n n e n  - vψ φ Γ  (13) 

and  
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where ,,( )( ) col{ }ddd n  FΓ x   denotes the augmented filtered-
reference signal vector. Equation (14) indicates that the node-
specific combination requires the updated neighborhood 
augmented control filter estimates ( 1)dh n ψ  . However, 
referring to (13) and (10), this estimation depends on 
contributions from all nodes, as the estimation ,ˆ ( )de nv  
requires local information from each node. Therefore, 
adaptation equation should be further decomposed into the 
network-wide adaptation phase and the neighborhood-wide 
adaptation phase. The corresponding equations are given by 

   
AD

, ,ˆ( 1) ( ) ( )
d d

a
h d d h an n e n    v pψ Γ   (15) 

and 

 
1

( 1) ( ) ( 1).
d d d

A
a

h h h
a

n n n  


  -  ψ φ ψ    (16) 

Substituting Eqs. (15) and (16) into Eq. (14) yields the node-
specific combination equation  
 ( 1) ( 1),

d

d dh h
h

n n


  w Λ ψ


 (17) 

where the combination matrix h U U
dh

Λ   is defined as 
,,1 ,2[ ]pdhdh dhdh U   Λ I  . The operator   

denotes the Kronecker product and UI  is the U U  identity 
matrix. The non-negative coefficients in the combination 
matrix h U U

dh
Λ   satisfy the following condition 

 
,

,

1, ( ) ,

0, ( ) .
d

dh k h
h

dh k h

k d

k d







 


  








 (18) 

Once node d completes the node-specific combination phase, 
the updated control filter ( 1)d n w  is transmitted to its 
neighboring nodes dh  to reconstruct the augmented 
control filters required for the next iteration of the 
neighborhood-wide adaptation phase according to Eq. (16).  

In summary, Eqs. (15), (16), and (17) together constitute the 
three iterative steps of the ADRMT as illustrated in Fig. 2(c), 
which are performed continuously until the system converges.  

IV. SIMULATIONS AND DISCUSSION 
An 8-channel ANC headrest system was implemented in a 

meeting room. As shown in Fig. 3, the system comprises four 
ANC headrests, each equipped with a pair of secondary 
loudspeakers and physical microphones. In Fig. 3(a), 
distributed nodes No. 1 to No. 8 are arranged from left to right, 
with each node containing one secondary loudspeaker, one 
physical microphone, and one virtual microphone. In the IRMT 
scheme, nodes No. 1 to No. 8 form a serial communication 
network. In the ADRMT scheme, the nearest three nodes 
constitute a neighborhood (i.e., 3d  ). An integrated 
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processor based on the TMS320C6678 DSP chip was used to 
measure the acoustic paths between loudspeakers and 
microphones, with each path comprising 512 taps. A Brüel & 
Kjaer 3053 PULSE recorder was used to record the primary 
noise signals at both physical and virtual microphones for 
observation path estimation [9] , with a measured path length 
of 600 taps.  

The normalized residual noise was used to evaluate the noise 
reduction performance of different schemes, defined as 

    2 2
10 , ,1 1

ς( ) 10log ( ) ( ) ,M M
m mm m

n e n b n
 

     v v  (19) 

where 8M   and 1M   correspond to the global system 
and local node noise reduction performance, respectively. Here,

, ( )me nv and , ( )md nv  denote the residual noise and primary 
noise signals at the virtual microphone, respectively. Figures 
4(a) and 4(b) illustrate the global and local noise reduction 
performance of various schemes. The proposed ADRMT 
algorithm achieves steady-state performance comparable to 
CRMT and IRMT at both the system-wide and per-node scales. 
IRMT exhibits a convergence rate similar to CRMT, as both 
essentially follow the same global filter adaptation formulation 
defined in (11). In contrast, ADRMT converges more slowly 
due to its reliance on neighborhood-based cooperation, which 
restricts access to global noise field information and delays its 
convergence.  

Theoretical analyses of the per-processor computational 
complexity for different RMT schemes are summarized in 
Table I, while Fig. 5 presents the corresponding multiplication 
and addition operations under 8, 16, 32, and 64-channel 
configurations. For the 8-channel ANC headrest system shown 
in Fig. 3, the proposed ADRMT requires only 22.22% of the 
multiplications and 21.93% of the additions compared to 
CRMT, and 49.92% and 49.27% compared to IRMT, 
respectively. The computational advantage of ADRMT 
becomes more pronounced as the number of channels increases. 
Specifically, for the 64-channel case, ADRMT reduces the 
multiplication and addition operations to merely 2.74% and 
2.73% of CRMT, and 7.15% and 7.14% of IRMT, respectively.  

Another advantage of the proposed ADRMT lies in its use of 
a parallel diffusion strategy, which yields lower 
communication latency than the incremental strategy adopted 
by IRMT. Assuming each data transmission takes t  seconds, 
The communication delay of IRMT is  2 1 tA A U-   (e.g., 
573, 442 t  for the 8-channel system in Fig. 3), which 
increases quadratically with the number of channels. In contrast, 
the communication delay of ADRMT is  2 td U   (e.g., 
2,560 t  for the same system), depending only on the 
neighborhood number. Therefore, ADRMT can effectively 
mitigate communication latency in large-scale systems, thereby 
reducing the risk of noise reduction performance degradation 
caused by signal delays.  

  
(a)                            (b) 

  
(c)                            (d) 

Fig. 3 Configuration of the ANC headrest system used for simulation 

experiments. (a) Experiment instruments; (b) Side view of the ANC headrest; 

(c) Top view of the ANC headrest; (d) Front view of the ANC headrest.  

  
(a)                             (b) 

Fig. 4 Global and node-wise noise reduction performance of different RMT 

methods: (a) Convergence of global noise reduction; (b) Steady-state node-

wise noise reduction.  

TABLE I  
PER-PROCESSOR COMPUTATIONAL COMPLEXITY 

 Multiplications Additions 

CRMT  
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2 2 2 1
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Fig. 5. Computational complexity comparison with (a) multiplication and (b) 

addition operations under different channel configurations 
 

V. CONCLUSIONS 
This paper presented an augmented diffusion remote 

microphone technique (ADRMT) for distributed active noise 
control systems. By incorporating network-wide adaptation, 
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neighborhood-wide adaptation, and node-specific combination, 
ADRMT enables the precise estimation of virtual error signals 
and facilitates efficient noise attenuation at designated target 
locations. In contrast to the IRMT, which employs a serial 
communication and global information propagation, ADRMT 
utilizes a parallel communication to reduce communication 
latency and adopts neighborhood-based collaboration to 
substantially reduce computational complexity. Simulation 
results on an 8-channel ANC headrest system confirm that 
ADRMT attains steady-state noise reduction performance 
comparable to both CRMT and IRMT schemes, while 
significantly reducing computational load and communication 
latency. Future work will focus on real-time experimental 
validation of ADRMT and the development of advanced RMT 
schemes with improved computational and communication 
efficiency for large-scale distributed ANC systems.  
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