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a b s t r a c t 

Multichannel teleconferencing systems exploit multichannel acoustic echo cancellers to weaken the echo 

replicas due to the acoustic coupling among loudspeakers and microphones. Many issues have to be dealt 

with to ensure an effective echo cancellation in such systems, including the reduction of the interchannel 

coherence among channels, the detection of an active remote human speaker, and the identification of 

the well-known double-talk scenario. In this paper, a comprehensive solution for dealing with the afore- 

mentioned aspects is discussed. The core of this solution is the estimation of the fundamental frequency 

of the audio signal. It is exploited for weakening the linear relation among channels and for tracking the 

presence of an active human speaker both in the remote room and in the local room of a teleconfer- 

encing system. The computational complexity of the presented approach is also reported to support its 

feasibility in a real scenario. Then, its real-time implementation is presented and validated on the NU- 

Tech framework, showing its fundamental frequency tracking capability and echo reduction performance 

both in simulated and real scenarios. 

© 2016 Elsevier B.V. All rights reserved. 

1. Introduction 

Multiple microphones and loudspeakers are exploited in 

audio/video teleconferencing systems to improve the listening 

experience of its participants placing them inside the acoustic sce- 

nario ( Benesty et al., 1998; Cecchi et al., 2016; Romoli et al., 2015, 

2014b, 2014a ). However, the presence of multiple channels implies 

the need for multichannel acoustic echo cancellers (MAECs) to 

reduce the echo replicas on the microphone signals arising from 

the coupling between each loudspeaker and each microphone. In 

the context of acoustic echo cancellation, several issues have to 

be dealt with. More specifically, an effective identification of mul- 

tiple echo paths requires the reduction of the correlation among 

channels since convergence problems could arise from the linear 

relationship existing among them. This aspect is well-known in 

the literature as “non-uniqueness” problem ( Benesty et al., 1998 ). 

Then, remote human speaker activity tracking and the identifica- 

tion of the well-known double-talk scenario are other important 

aspects to deal with, based on the discrimination of vocal frames, 

silence segments, and noisy periods ( Romoli et al., 2015 ). Indeed, 
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voice activity detection (VAD) procedures and double-talk de- 

tection (DTD) algorithms assume an important role in practical 

implementation of such systems since filter coefficients update is 

typically suppressed when there is no active human speaker in 

the remote room and/or when there are active human speakers 

both in the remote room and in the local room ( Benesty et al., 

2001; Tashev, 2009 ). A comprehensive work combining all these 

aspects in a unique solution is not present in the state of the art 

up to authors’ knowledge, while multiple approaches focusing on 

each aspect have been discussed in the literature. 

Regarding channel decorrelation, some approaches, previously 

focused on the stereophonic scenario, have been generalized to the 

multichannel case, to reduce the interchannel coherence and thus, 

to improve the performance of multichannel systems ( Cecchi et al., 

2012 ). Among these, the phase modulation approach for surround 

sound systems ( Herre et al., 2007 ) and the half-wave rectifier 

distortion ( Benesty et al., 1998 ) were proposed. Recently, a novel 

solution for multichannel decorrelation that is suitable for both 

speech and music signals has been proposed. It is based on funda- 

mental frequency estimation and removal in order to exploit psy- 

choacoustic criteria and to avoid audio quality worsening ( Romoli 

et al., 2014b, 2014a; Cecchi et al., 2011; Romoli et al., 2012, 2010 ). 

Regarding VAD procedures, several approaches have been 

proposed in the literature as presented in Ma and Nishihara 

(2013) and Babu and Vanathi (2009) based on signal energy and 
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zero-crossing rate ( Atal and Rabiner, 1976 ) and on more robust 

acoustic features ( Davis et al., 2006; Shuyin et al., 2009; Marzinzik 

and Kollmeier, 2002 ) or their combination with pitch analysis in 

the presence of higher levels of noise ( Atal and Rabiner, 1976 ). 

Recently, a new method for detecting voiced segments of the 

far-end signal has been proposed exploiting the fundamental 

frequency tracking through second-order adaptive notch filters in 

a multichannel scenario ( Romoli et al., 2015 ). 

Regarding DTD algorithms, multichannel procedures are typi- 

cally based on cross-correlation ( Benesty and Gansler, 2002; Iqbal 

et al., 2009 ). More specifically, the approach described in Benesty 

and Gansler (2002) is based on the cross-correlation between the 

far-end signal and the microphone signal while the technique 

described in Iqbal et al. (2009) is based on the cross-correlation 

between the residual echo signal and the microphone signal. In 

both cases, the detection is made according to the value assumed 

by a decision variable with respect to a predefined threshold. 

Recently, a new DTD method has been proposed based on human 

speaker activity tracking through second-order adaptive notch 

filters ( Cecchi et al., 2016 ). 

In this paper, starting from the obtained promising results 

( Cecchi et al., 2016; Romoli et al., 2015, 2014b ), a low-complexity 

comprehensive solution for multichannel acoustic echo cancella- 

tion based on fundamental frequency estimation is investigated. 

Although the exploitation of pitch analysis for active human 

speaker detection is a known topic in the literature, the proposed 

approaches are intended to be combined in an exhaustive solution 

for MAEC systems, since decorrelation, VAD, and DTD procedures 

are performed based on the same variables. Several results are 

reported to show the performance of pitch tracking and echo re- 

duction. Moreover, the real-time implementation of the solution is 

discussed with the aim of applying the approach in real scenarios. 

The computation of the number of multiplications required for 

multichannel decorrelation, VAD procedure, and DTD algorithm 

is also reported in order to underline the advantage of using the 

same parameters to face different problems. Indeed, in this way, a 

self contained solution can be derived. 

The paper is organized as follows. The role of fundamental fre- 

quency estimation in MAEC system is presented in Section 2 dis- 

cussing the exploitation of the fundamental frequency estimation 

for decorrelation ( Section 2.2 ), VAD algorithm ( Section 2.3 ), and 

DTD procedure ( Section 2.4 ). Then, the computational complexity 

of the aforementioned procedures ( Section 4 ) is reported to prove 

its feasibility in real scenarios. The real-time implementation of 

the approach and its validation are reported in Section 5 in terms 

of effective tracking of fundamental frequency for remote and 

local human speakers and of satisfactory echo reduction. Finally, 

concluding remarks are presented in Section 6 . 

2. The role of fundamental frequency estimation 

The proposed solution for multichannel acoustic echo can- 

cellation that includes multichannel decorrelation, voice activity 

detection, and double-talk detection is based on fundamental 

frequency estimation. The adopted scenario is reported in Fig. 1 , 

with L loudspeakers and P microphones. The remote signal is the 

residual error r l ( n ) (being l = 1 , . . . , L and n the time index) and it 

is processed by the decorrelation block providing the decorrelated 

signals x l ( n ) and the estimated frequency f ∗
l 
(n ) ( Romoli et al., 

2014b, 2014a ). Then, the estimated echo signal y p ( n ) ( p = 1 , . . . , P ) 

is calculated by the system identification procedure and the error 

signal e p ( n ) is computed by subtracting it from the microphone 

signal d p ( n ). The system identification procedure is controlled by 

the VAD and DTD blocks, that can enable or disable the filter 

coefficients update. The former makes its decision according to the 

remote fundamental frequency f ∗
l 
(n ) , whereas the latter detects 

Fig. 1. Block diagram of multichannel audio teleconferencing system. 

the double-talk situation considering both the remote fundamental 

frequency f ∗
l 
(n ) and the local fundamental frequency ϕ 

∗
p (n ) . In 

the following sections, a brief review of the algorithm adopted for 

estimating and removing the fundamental frequency is reported 

as previously discussed in Cecchi et al. (2016) and Romoli et al. 

(2015 , 2014b) . Then, its application to multichannel decorrelation, 

VAD procedure, and DTD algorithm is presented. 

2.1. Fundamental frequency estimation and removal 

A block diagram summarizing the main steps for fundamental 

frequency estimation and removal is reported in the upper branch 

of Fig. 2 . The algorithm is reported in this section for M input 

signals but this procedure will be exploited in the following 

sections for estimating and refining the fundamental frequency 

of both the L loudspeaker signals ( M = L ) and the P microphones 

signals ( M = P ). 

The M input signals s m 

( n ) ( m = 1 , . . . , M) are decimated by a 

factor D to improve spectral resolution at low frequencies and 

then filtered by pre-processing second-order shelving filters H pre 

with gain G s and cut-off frequency f cut s ( Zölzer, 2002 ). Assuming 

that the fundamental frequency is typically bounded between 

f inf = 60 Hz and f sup = 600 Hz ( Cecchi et al., 2016 ), G s and f cut s 

have to be chosen to apply a spectral decay that ensures a correct 

tracking and reduces possible mighty harmonic components. Then, 

the M signals are filtered by the following adaptive notch filters: 

H m 

(z, ̃  n ) = 

1 + 2 k m 

( ̃  n ) z −1 + z −2 

1 + k m 

( ̃  n )[1 + αm 

( ̃  n )] z −1 + αm 

( ̃  n ) z −2 
, (1) 

where ˜ n is the index of the decimated time instant, the contrac- 

tion factor αm 

( ̃  n ) controls the m -th filter bandwidth, and k m 

( ̃  n ) 

is an adaptive coefficient related to the fundamental frequency to 

be tracked ( Cecchi et al., 2012 ). More specifically, the coefficient 

k m 

( ̃  n ) is bounded to the range (−1 , +1) according to the following 

sigmoid function: 

k m 

( ̃  n ) = 

2 

1 + e −g m ( ̃  n ) 
− 1 , (2) 

where g m 

( ̃  n ) ∈ R has to be adapted in order to minimize the time 

average of the notch filter output as fully described in Cecchi et al. 

(2012) and Romoli et al. (2012) . In this way, the signals x m 

( ̃  n ) 

without the fundamental frequency are obtained. The signals x m 

( n ) 

are then derived applying post-processing second-order shelving 

filters H post with the same gain G s and cut-off frequency f cut s 

and upsampling by a factor D . Differently, the m th fundamental 

frequency is a function of the adaptive parameter k m 

( ̃  n ) as given 
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