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ABSTRACT

A key challenge in machine learning is to generalize from train-
ing data to an application domain of interest. This work extends
the recently-proposed mixture invariant training (MixIT) algorithm
to perform unsupervised learning in the multi-channel setting. We
use MixIT to train a model on far-field microphone array recordings
of overlapping reverberant and noisy speech from the AMI Corpus.
The models are trained on both supervised and unsupervised training
data, and are tested on real AMI recordings containing overlapping
speech. To objectively evaluate our models, we also use a synthetic
multi-channel AMI test set. Holding network architectures con-
stant, we find that semi-supervised fine-tuning of a model pretrained
on a large and diverse single-channel dataset yields the largest im-
provement to SI-SNR and to human listening ratings across synthetic
and real datasets, outperforming supervised models trained on well-
matched synthetic data. Our results demonstrate that unsupervised
learning through MixIT enables model adaptation on both single-
and multi-channel real-world speech recordings.

Index Terms— multi-channel, speech separation

1. INTRODUCTION

Separation and enhancement of sounds is an important and challeng-
ing problem in machine perception. Recent progress has been made
in multi-channel speech separation and enhancement using neural
network methods. Neural network-based mask estimators [1, 2, 3]
and neural beamformers [4, 5, 6, 7, 8, 9, 10] require supervised train-
ing data with input sound mixtures paired with isolated sounds as
ground-truth targets. However, it is not feasible to record such pairs
of isolated sounds and their mixtures in a real environment. Thus for
supervised training, input mixtures are constructed by synthetically
mixing isolated recordings of the target sources. Unfortunately, this
can result in a mismatch in the distribution of sound types and acous-
tic conditions between the simulated sound mixtures and real-world
audio. For example, conversational speech is mismatched to the read
speech that is typically used to train speech enhancement and sepa-
ration models. Additionally, simulating multi-channel acoustics that
match real-world scenarios is challenging due to potential source
motion, varying microphone array geometries and microphone di-
rectivities, and other factors.

Unsupervised methods have helped to overcome the mismatch
problem by directly training on real recordings from the target do-
main, without the need for ground-truth isolated sources. One cat-
egory of approaches uses spatial information to first cluster sound
sources in space in an unsupervised manner. These cluster labels are
then employed as pseudo-targets for supervised training of neural
networks [11, 12, 13, 14]. [15] introduces a spatial loss that forces
the beamforming vector estimated for a target source to be aligned
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with the corresponding steering vector while being orthogonal for
interfering sources. However, this category of approaches relies
on clustering or localization algorithms, such as k-means, Gaussian
mixture model [16], or multiple signal classification (MUSIC) [17],
which are based on simple statistical models and cannot be trained
for accuracy. In the case of co-located sources and strongly rever-
berant environments, where these algorithms may make errors, the
separation performance usually suffers.

Mixture invariant training (MixIT) [18] is a recent unsuper-
vised approach that has demonstrated competitive single-channel
sound separation performance. MixIT uses mixtures of mixtures as
the “noisy” input and uses the individual mixtures as weak refer-
ences. The model estimates individual sound sources that can be
recombined to reconstruct the original reference mixtures. Note that
MixIT incurs another type of mismatch in which there are more
active sources in the mixture-of-mixtures than there are in an indi-
vidual mixture. Experiments have shown that when unsupervised
training with MixIT and supervised training are performed jointly,
the mismatch introduced by one training method is mitigated by
the other. MixIT has been shown to be effective at adapting single-
channel speech separation models to real-world meetings [19].

In this work, we extend MixIT to multi-channel data, allowing
the model to use both spatial and spectral information to better sep-
arate sound sources. We use a separation model with multi-channel
input and multi-channel output that employs a temporal convolu-
tional network (TCN) [20, 21] and a transform-average-concatenate
(TAC) module [22, 23], which enables the model to be applied to any
number of microphones and any array geometries. This flexibility is
particularly advantageous for models trained on diverse real-world
meeting data captured by different microphone arrays. We show
that when used with our flexible multi-microphone neural network,
MixIT training on real mixtures improves separation and enhance-
ment of speech on real meetings containing spontaneous speech and
recorded with multiple microphones. Better separation of such sce-
narios has many practical uses such as better automatic meeting tran-
scripts and better telephony experiences.

2. METHODS

Fig. 1(A) describes our multi-channel speech separation model that
accepts waveform input from multiple microphones and produces
the multi-channel image of each source. This separation model
can be trained through supervised learning with permutation in-
variant training (PIT) [24], through unsupervised learning with
multi-channel mixture invariant training (MC-MixIT), or through a
combination of both as shown in Fig. 1(B). We describe the exten-
sion of MixIT to MC-MixIT in Section 2.3.
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Fig. 1. (A) The architecture of the proposed multi-channel input and multi-channel output speech separation model. Blocks with the same
color share parameters. (B) The schematic of supervised learning with PIT on synthetic data (top) and unsupervised learning with MixIT on
real recordings (bottom).

2.1. Multi-channel speech separation model

The model is a variant of a single-channel separation model,
TDCN++ [21]. To enable use on multi-channel audio, we inter-
leave transform-average-concatenate (TAC) layers [22] between
temporal convolutional neural networks (TCNs) [20] to exploit
spatio-temporal information across channels. The model shares
some similarities with VarArray [23]. Both models are designed to
be invariant to microphone array geometry and the number of micro-
phones used. However, there are two main differences between our
model and VarArray. First, VarArray calculates a feature set from
STFT coefficients, while our model takes the raw waveform directly
as input. Second, VarArray merges all channels at an intermediate
layer and estimates a single time-frequency mask for each source,
while our model estimates a multi-mic waveform for each source.

Given a C-channel time-domain signal X ∈ RT×C , where T is
the duration of the signal, we apply a linear encoder followed by a
ReLU activation to transform each channel xc ∈ RT , c = 1, ..., C
to a two-dimensional representation Ec ∈ RF×L, where F is the
number of encoder bases and L is the number of time frames. Then,
{Ec}Cc=1 is fed into a series of alternating TCN and TAC layers. A
TCN block comprises multiple dilated convolution layers, with the
output of the ith TCN block in channel c denoted as P c

i ∈ RK×L,
where K is the number of features. To extract cross-channel features,
we employ TAC layers that aggregate the outputs from each chan-
nel, extract cross-channel information, and feed it back to individual
channels. Following the approach in [23], the output of the i-th TAC
layer in channel c, denoted as Qc

i ∈ R2K×L, is:

Qc
i =

[
ReLU(W iP

c
i ),

1

C

∑
c

ReLU(U iP
c
i )

]
, (1)

where W i,U i ∈ RK×K are linear transforms. After the final TCN
block, we use a sigmoid activation to predict a mask for each source
in each channel and use a linear decoder to transform the masked
representation back to the waveform. Note that if we remove all the
TAC layers, the architecture is equivalent to independently applying
a single-channel TDCN++ to individual channels. The TCN blocks
process each channel locally while the TAC layers allow for inter-
channel information flow.

2.2. MixIT

MixIT uses N (typically N = 2) reference mixtures xn ∈ RT ,
which are the columns of a matrix X ∈ RT×N . A mixture of

mixtures (MoM) is formed by summing these reference mixtures to
produce x̂ =

∑
N xn. The network then generates M > N esti-

mated sources
{
sm ∈ RT

}M

m=1
, which are the columns of a matrix

S ∈ RT×M . The MixIT loss estimates a mixing matrix A ∈ B,
where B = {0, 1}M×N is a constrained set of M × N binary ma-
trices where each row sums to 1: that is, the set of matrices which
assign each estimated source sm to one of the reference mixtures
xn. Given the mixing matrix, a signal level loss, L, measures the
error between reference mixtures and their assigned estimates:

LMixIT(X,S) = min
A∈B

L(X,SA). (2)

where L typically operates column-wise, so that L(X,S) =∑
n L(xn, (SA)n). In this paper, L is negative thresholded SNR:

L(y, ŷ) = 10 log10

(
||y||2

||ŷ − y||2 + τ ||y||2

)
, (3)

where τ is a soft limit on the maximum SNR. We select τ = 0.001.

2.3. Multi-Channel MixIT

We extend MixIT by applying the same mixing matrix to all the
channels of each source. We write the multi-channel references Xc

and sources Sc at channel c. The MixIT loss requires finding the
optimal mixing matrix A ∈ B across all channels:

LMC-MixIT({Xc} , {Sc}) = min
A∈B

∑
c

L(Xc,ScA). (4)

Sharing A across microphones encourages the order of the separated
sources in the model outputs to be consistent across all channels.

3. EXPERIMENTS

Our experimental approach largely follows that of [19]. We con-
ducted experiments using the AMI Corpus [25] of meeting room
recordings for evaluation data and as one source of training data.
Hyperparameters were fixed to values in Table 1 across all experi-
ments; only training procedures were varied.

3.1. Training

All models have M = 8 output sources, though depending on the
training configuration, there may be fewer target sources. When



Table 1. Hyperparameter values.
Category Hyperparameter value

Model

TCN superblocks 4
TCN blocks per superblock 8

TCN kernel width 3
TCN window size 64 samples

TCN hop size 32 samples
TCN bottleneck dim 128
TCN conv channels 512
TAC projection dim 128
# of output sources 8

Data
Unsup example len 10 seconds

Sup example len 5 seconds
Audio sample rate 16 kHz

Training

Trainable weights 4.7 million
Optimizer Adam
Batch size 256

Learning rate 3 ∗ 10−4

Training steps 1 million

there are fewer than 8 target sources, our negative thresholded SNR
loss is applied to only the non-zero sources, and we rely on mixture
consistency [26] to push unused outputs to zero.

Our training configurations are shown in Figure 1 (B). For un-
supervised (MixIT) training, we use mixtures of randomly chosen
segments from the AMI Corpus. Our AMI training split is 71 hours.

For supervised (PIT) training, we use single-talker segments of
the AMI Corpus to synthesize training mixtures where each source
has only a single active talker, as identified using the AMI anno-
tations. To generate each training example, two such segments are
taken from the same room but from different speakers, who we refer
to as speaker 1 and speaker 2. We wish to use these as references
that are added together to create a synthetic input mixture. How-
ever, these single-speaker clips contain some background noise. We
experiment with two different approaches for dealing with the back-
ground noise when constructing references.

The first approach addresses this problem by creating a cleaner
reference following the procedure described in [19] to create “syn-
thetic overlapping AMI” (referred to as “synth AMI” in Table 2 and
Table 3). To define a nearly noise-free speech reference, we use the
headset mic recording for speaker 2’s segment and find the multi-
channel filter that optimally matches the microphone array signal.
We define that multi-channel filtered headset signal to be the train-
ing target for speaker 2. We define the training target for speaker 1 to
be the microphone array recording of speaker 1’s segment (includ-
ing background noise), and we define a third training target that is
the residual from speaker 2’s microphone array recording after sub-
tracting the filtered headset target. These three targets add up to the
sum of the two microphone array segments, but they are asymmet-
ric with respect to the speakers. Because the speaker 2 reference is
cleaner, we focus on speaker 2 during evaluation, below. See [19]
for additional details.

In the second approach, we directly use the array signals for
speaker 1 and speaker 2 as references; we refer to this as “mixed
AMI” in Table 3. A caveat with this approach is that both refer-
ence signals contain some background noise, and thus the mixture
contains double background noise. As training targets, the noisy ref-
erences may lead the model to preserve noise in its speech estimates.
For evaluation these references may not be as accurate as desired.

For 1-microphone training, we use only the first channel of

Table 2. Cross-evaluation by number of mics. Values are SI-SNRi
in dB. “S1” and “S2” refer to the full-duration speaker and the over-
lapping speaker, respectively. Due to space constraints, we report
results on only “synth AMI” training data without warm start.

# of mics Training 1-mic eval 2-mic eval 4-mic eval 8-mic eval
- training method S1 S2 S1 S2 S1 S2 S1 S2

1-mic
Sup 4.3 6.0 4.5 6.5 4.5 6.5 4.5 6.6

Unsup 3.7 10.0 3.6 9.9 3.6 9.9 3.6 9.9
Semi 6.0 10.3 6.1 10.6 6.1 10.6 6.1 10.6

2-mic
Sup 1.8 -3.5 5.8 7.9 6.1 8.4 6.2 8.5

Unsup 3.2 8.6 4.6 11.8 4.7 11.7 4.8 11.9
Semi 4.3 5.5 6.8 11.8 6.8 12.0 6.9 12.1

4-mic
Sup 0.5 -7.3 4.8 6.1 6.3 9.7 6.3 9.7

Unsup 1.5 3.1 4.2 10.9 4.8 12.8 4.9 13.0
Semi 2.6 2.3 5.9 10.5 7.0 12.8 7.0 12.8

8-mic
Sup -0.8 -8.6 3.8 4.4 5.8 9.9 6.3 10.6

Unsup 1.3 3.0 4.3 10.9 4.9 12.9 5.0 13.6
Semi 2.5 3.4 5.6 9.5 6.6 11.4 7.1 11.2

the AMI recordings. For 2-microphone, 4-microphone, and 8-
microphone training, we use 2, 4, and 8 microphones from the
circular table-mounted microphone array at 180◦, 90◦, and 45◦

separation from one another, respectively. For all model evaluation,
we evaluate only the first channel of the output. Train, validation,
and test splits follow the standard AMI “full-corpus” partition of
meetings.

As a baseline and as a model from which to warm-start, we train
a single-channel model on 1600 hours of audio from videos in the
YFCC100M corpus with train, validation, and test splits from [18].

All models are trained with a mixture consistency hard con-
straint [26] on their outputs and with feature-wise layer normaliza-
tion as described in [21]. We train all models for one million steps.

3.2. Evaluation

To objectively evaluate our methods on synthetic AMI, we use scale-
invariant signal-to-noise ratio improvement (SI-SNRi) with the fil-
tered headset signal as reference [27]. To measure subjective au-
dio quality, we use the multiple stimulus with hidden reference and
anchors (MUSHRA) [28] for the synthetic AMI evaluation dataset,
with the filtered headset as reference. For real AMI data, where
we do not have a known clean reference, we adopt a variant of
MUSHRA that allows for imperfect references called MUSHIRA
[19]. For MUSHIRA on real AMI data, the imperfect reference is
a headset recording of a target speaker that contains cross-talk. For
all listening tests, audio is presented diotically, with the signal cor-
responding to the first microphone being presented to both ears. We
collect 5 ratings per example for both MUSHRA and MUSHIRA.

We trained two instances of each configuration and report aver-
ages across model instances for all metrics in Tables 2 and 3.

4. RESULTS

Our TCN-TAC architecture allows models trained with any number
of input microphones to be applied to data with a different number
of microphones. Table 2 cross-evaluates models trained on N mi-
crophones on the evaluation sets for M microphones, for N,M ∈
[1, 2, 4, 8]. We observe that 1-mic trained models perform nearly the
same no matter how many input mics are provided. For N > 1,
quality is best when the number of training microphones equals the
number of input microphones, but models degrade gracefully when
given a different number of microphones, and in some cases qual-
ity improves modestly when additional mic inputs are provided be-



Table 3. AMI data results. “S1” and “S2” refer to SI-SNRi for the
full-duration speaker and the overlapping speaker, respectively. The
first microphone is used as the reference for reference-based metrics.
For full synthetic AMI, the absolute input SI-SNRs are 0.5 dB for
S1 and -9.2 dB for S2, which are used in the SI-SNRi computation.
“Warm” indicates loading the model weight pre-trained with MixIT
on 1600 hours of YFCC100M data (single-channel). The pooled
95% confidence intervals are ±1.1 for the MUSHRA and ±2.2 for
the MUSHIRA ratings.

Model Configuration Synthetic AMI Real AMI
Sup PIT Unsup MixIT Warm S1 S2 MUSHRA MUSHIRA

Baselines
Headset – – 96.6 93.4

Headset filtered to distant mic ∞ ∞ 64.5 50.0
Distant mic 0.0 0.0 33.1 38.8

1-microphone
– YFCC – 2.1 2.5 29.1 29.8
– AMI – 3.6 10.0 38.4 43.5

Mixed AMI – – -1.0 6.7 39.4 38.9
Synth AMI – – 4.3 6.0 35.8 40.9
Mixed AMI AMI – 0.0 10.2 41.8 39.8
Synth AMI AMI – 6.0 10.3 39.0 41.8

– AMI YFCC 3.7 9.8 40.4 41.1
Mixed AMI AMI YFCC -0.4 9.4 42.1 42.6
Synth AMI AMI YFCC 6.4 14.1 42.9 41.7

4-microphone
– AMI – 4.8 12.8 43.7 44.3

Mixed AMI – – 0.4 10.9 43.9 43.8
Synth AMI – – 6.3 9.7 37.5 38.2
Mixed AMI AMI – 1.9 12.5 44.7 43.9
Synth AMI AMI – 7.0 12.8 40.9 46.2

– AMI YFCC 4.5 12.0 44.2 44.3
Mixed AMI AMI YFCC 0.2 12.5 43.8 42.7
Synth AMI AMI YFCC 7.2 16.4 46.5 46.1

yond what was used for training. We also observe that unsupervised
learning outperforms supervised learning in most cases on speaker
2 (which we focus on because its reference is cleaner as described
in Section 3.1), and combining both training methods can further
improve the performance.

Due to human evaluation capacity constraints, we were unable
to do human listening eval of all models. Instead, in Table 3, we
take 1-microphone and 4-microphone models as examples and pro-
vide a comprehensive comparison of different model training con-
figurations in terms of SI-SNRi scores on the fully synthetic AMI
evaluation dataset, MUSHRA scores for a subset of a few hundred
synthetic AMI examples, and MUSHIRA scores for about 100 real
overlapping AMI examples.

In the 1-microphone subtable, unsupervised training with MixIT
on AMI outperforms supervised training on either mixed AMI or
synthetic AMI across most metrics. However, it falls short in terms
of the MUSHRA score compared to supervised training on mixed
AMI (38.4 v.s. 39.4), and in terms of SI-SNRi for speaker 1 com-
pared to supervised training on synthetic AMI (3.6 v.s. 4.3). Com-
bined supervised and unsupervised training further improves the SI-
SNRi and MUSHRA scores on synthetic AMI, but does not improve
the MUSHIRA score on real AMI.

The model trained with MixIT on YFCC100M performs quite
poorly on the AMI eval set across all metrics. However, using the
YFCC100M-trained model to warm-start improves MUSHRA and
MUSHIRA scores when using mixed AMI as the supervised dataset,
while improving SI-SNRi and MUSHRA scores when using syn-
thetic AMI as the supervised dataset.

Each 1-microphone model has a 4-microphone counterpart,
with the exception of the single-channel separation model trained

on YFCC100M, which is evaluated alongside other models and
also used to warm-start some other configurations. Each pair of
1-microphone and 4-microphone models share the same learning
strategies, with the only difference being that the 4-microphone
models take advantage of multi-channel signals by using TAC mod-
ules to exploit spatial features for better separation. (TAC modules
are present in both 1- and 4-microphone models, but they only
have the effect of transferring information across channels in the
4-microphone models.) Notice that all 4-microphone models sig-
nificantly outperform their 1-microphone counterparts in terms of
SI-SNRi, MUSHRA, and MUSHIRA scores, except for the 4-
microphone model trained supervised on synthetic AMI, which had
a lower MUSHIRA score (38.2) compared to 1-microphone (42.9).

Overall, the results demonstrate that multi-channel models
achieve better separation performance in supervised learning, un-
supervised learning, and their combination. This confirms that
multi-channel models can take advantage of unsupervised learning
to adapt on real-world multi-channel recordings. Notably, when
training the multi-channel model using both MC-MixIT unsuper-
vised and PIT supervised on synthetic AMI, warm-starting from a
model pre-trained with MixIT on monaural YFCC100M achieves
significant improvement across all synthetic AMI eval metrics. It
is likely YFMCC100m contains rich acoustics including diverse
speakers and environmental conditions. In the pre-training stage, the
model focuses on separating sources using solely spectral-temporal
information and ends with an effective model weight initialization
which benefits the model further exploring spatial information to
improve separation in the next stage. Warm-starting a 4-microphone
model using a 1-microphone model is feasible thanks to the archi-
tecture’s invariance to the number of microphones. This highlights
the potential of pre-training models on a large amount of general
audio data that contains a wide variety of real-world speech and
then adapting these models on a smaller number of domain-specific
speech recordings from multi-mic arrays.

Finally, the most effective configuration for achieving optimal
performance is the multi-microphone model that is pre-trained on
YFCC100M and then employs semi-supervised training with PIT
on synthetic AMI and MixIT on real AMI.

Audio demos are provided at https://google-research.
github.io/sound-separation/papers/mcmixit.

5. CONCLUSIONS

In this paper, we generalized a single-channel unsupervised learning
method, MixIT, to multi-channel settings. We also introduced a flex-
ible multi-channel input and multi-channel output separation model
applicable to arbitrary numbers of microphones and array geome-
tries. We showed that multi-channel MixIT enables model adap-
tation on real-world multi-channel unlabeled spontaneous speech
recordings. Leveraging the flexibility of our model to train on data
with different numbers of channels, our best-performing system
combines pre-training with MixIT on a large amount of single-
channel data from YFCC100M, supervised training with PIT on
synthetic multi-channel data, and unsupervised training with MixIT
on multi-channel target domain data. In the future, we plan to
explore how to create better supervised datasets that can enhance
the separation ability without compromising the model’s general-
ization to target domain data, and to investigate using larger and
more diverse amounts of open-domain data to improve separation
performance.

https://google-research.github.io/sound-separation/papers/mcmixit
https://google-research.github.io/sound-separation/papers/mcmixit
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