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ABSTRACT

To segment a signal into blocks to be analyzed, few-shot keyword
spotting (KWS) systems often utilize a sliding window of fixed size.
Because of the varying lengths of different keywords or their spoken
instances, choosing the right window size is a problem: A window
should be long enough to contain all necessary information needed to
recognize a keyword but a longer window may contain irrelevant in-
formation such as multiple words or noise and thus makes it difficult
to reliably detect on- and offsets of keywords. We propose TACos, a
novel angular margin loss for deriving two-dimensional embeddings
that retain temporal properties of the underlying speech signal. In
experiments conducted on KWS-DailyTalk, a few-shot KWS dataset
presented in this work, using these embeddings as templates for dy-
namic time warping is shown to outperform using other representa-
tions or a sliding window and that using time-reversed segments of
the keywords during training improves the performance.

Index Terms— keyword spotting, representation learning, an-
gular margin loss, few-shot learning

1. INTRODUCTION

Keyword spotting (KWS) [1] is the task of detecting spoken in-
stances of a few pre-defined keywords in audio recordings of pos-
sibly long duration. All other audio content should be ignored and
thus KWS is inherently an open-set classification task. Addition-
ally, for many KWS applications only very few training samples are
available (few-shot classification [2]) and it is important to detect
on- and offsets of detected keywords for further (manual) analysis
of the content. Typical KWS applications are activating voice assis-
tants [3,4], searching for content in large databases [5] or monitoring
audio streams such as (radio) communication transmissions [6].

Many state-of-the-art KWS systems rely on segmenting audio
signals and applying a neural network to extract discriminative em-
beddings for each segment that can be used to detect keywords [7,8].
For few-shot KWS, neural networks with a prototypical loss [9] are
often used to learn an embedding function [10–12]. Similar ap-
proaches are used for few-shot detection of bioacoustic events [13]
or sound events in general [14, 15]. Usually, a sliding window is
applied to segment the signal into blocks of fixed size, in which
keywords are searched. The chosen window size needs to be long
enough to capture sufficient information for identifying a keyword.
However, longer windows are likely to contain multiple keywords or,
in case of a short keyword, too much irrelevant information thus de-
grading the performance. Additionally, precisely estimating on- and
offsets of detected keywords is much more difficult with longer win-
dows. Furthermore, the length of different keywords can strongly
vary making it difficult to determine a suitable, fixed, window length.

In automatic speech recognition (ASR) [16], this problem is
solved by using sequence-to-sequence losses such as the connec-
tionist temporal classification loss [17]. However, training with such
losses requires sufficient amounts of data making them unsuitable
for a few-shot classification task. Although it is also possible to use
a pre-trained ASR system [18, 19] or pre-trained ASR embeddings
[20], this requires collecting many hours of training data recorded
in similar acoustic environments and creates a large computational
overhead. In [21], it has been proposed to save computational power
by providing the network the ability to spike once a keyword is
detected and immediately stop analyzing the remaining part of the
input sequence. Classically, hand-crafted speech features such as
human factor cepstral coefficients (HFCCs) [22] are used as two-
dimensional templates for dynamic time warping (DTW). However,
the performance of these unsupervised approaches quickly degrades
for very short words or in difficult acoustic conditions. It is also
possible to combine multiple KWS approaches: In [23], DTW and
hand-crafted speech features are used to obtain training data for a
neural network-based KWS system. In our prior work [24], two-
dimensional embeddings, to be used as features for DTW, are trained
using a neural network applied to windowed segments of audio sig-
nals. Still, the obtained embeddings are mostly constant over time
and thus many problems resulting from using a sliding window per-
sist.

The contributions of this work are the following: First and fore-
most, TACos, a novel loss function for learning embeddings that also
capture the temporal structure, and a DTW-based few-shot KWS
system are proposed. Second, the few-shot KWS dataset KWS-
DailyTalk1 based on the ASR dataset DailyTalk [25] is presented. In
contrast to existing KWS datasets such as SpeechCommands [26],
KWS-DailyTalk is an open-set classification dataset with isolated
keywords as training data and complete spoken sentences as valida-
tion and test data. The proposed KWS system is shown to outper-
form systems using hand-crafted speech features, a sliding window
or other KWS embeddings. Furthermore, it is shown that teaching
the model to distinguish between regular and temporally reversed
segments improves the performance.

2. METHODOLOGY

This work is based on prior work on learning two-dimensional em-
beddings for KWS with DTW [24]. A KWS system using these
embeddings can be divided into a frontend for pre-processing the
data, a neural network for extracting embeddings, and a backend for
computing scores and finding keywords using DTW. To improve
the quality of the embeddings, we propose 1) TACos, a novel an-
gular margin loss that also considers the position of a segment in

1https://github.com/wilkinghoff/kws-dailytalk
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Fig. 1. Structure of the proposed KWS system. Blocks colored in blue are only used for training the system, blocks colored in yellow are
only used for inference and blocks colored in red are used for training and inference.

a keyword, and 2) recognizing temporally reversed segments dur-
ing training. In the following, each component of the KWS system
will be reviewed and afterwards both proposed improvements will
be presented. An overview of the resulting KWS system is depicted
in Figure 1.

2.1. Review of embeddings for KWS with DTW

Frontend: First, all waveforms are converted to single-channel, nor-
malized to an amplitude of 1, resampled to 16 kHz and high-pass
filtered at 50Hz. For the training samples containing isolated key-
words, the waveforms are divided into overlapping segments with
a length of Lseg = 0.25 s and an overlap of Lseg

5
. During infer-

ence, a segment overlap of 256
16 000Hz

is used to increase the temporal
resolution of the resulting embeddings. Furthermore, samples are
padded with

⌊Lseg·16000
2

⌋
zeros on both sides to ensure that the cen-

ters of the extracted segments align with their temporal position in
the audio signal. Segments shorter than Lseg are padded with zeros.
From these, log-Mel magnitude spectrograms with 64 Mel bins are
extracted using an STFT with Hanning-weighted windows of size
1024 and a hop size of 256.

Neural network: To extract two-dimensional embeddings, the
modified ResNet architecture from [24] is used. This model consists
of four times two residual blocks [27], each using convolutional lay-
ers with filters of size 3 × 3, max-pooling for the frequency dimen-
sion and dropout with a probability of 20%, followed by a global
max-pooling operation over the frequency dimension and a dense
layer without activation function. Throughout the network, the same
time dimension is kept by padding appropriately and not applying
temporal pooling operations. The model, without the loss function,
has only 713, 486 trainable parameters. As a loss function, the Ada-
Cos loss [28], which is an angular margin loss for classification with
a dynamically adaptive scale parameter, is used to discriminate be-
tween different keywords. Additional details can be found in [24].

The network is trained for 1000 epochs with a batch size of 32
using Adam [29]. Most keywords have different lengths resulting
in a class imbalance due to a different total number of segments for
each keyword class. To handle this, random oversampling is applied.
For data augmentation, Mixup [30] with a mixing coefficient drawn
from a uniform distribution and SpecAugment [31] are used. During
training, random segments of the background noise recordings from
SpeechCommands [26] are used as an additional “no speech” class.

Backend: The backend consists of applying sub-sequence
DTW [32]. All embeddings belonging to different segments of the

same audio signal are combined by taking the mean of all individual
frames of the time-frequency representation that overlap in time re-
sulting in DTW templates. In a next step, cost matrices are computed
by applying the pairwise cosine distance between the templates of
test sentences and the templates extracted from individual training
samples. We also experimented with computing Fréchet means of all
templates belonging to the same keyword with the DTW barycenter
averaging (DBA) algorithm [33] but this led to worse performance
than using the templates of the individual training samples. To
compute accumulated cost matrices, the DTW step sizes (2, 1),
(1, 1) and (1, 2) are used. Note that computing the accumulated
cost matrices can be parallelized by sweeping diagonally over the
cost matrix. In total, the presented KWS approach is much faster
than real-time. For each temporal position, a warping path is cal-
culated and the corresponding accumulated cost is normalized with
respect to the path length. The negative accumulated costs serve as
matching scores that can be compared to a pre-defined threshold.
Scores exceeding the threshold are considered as valid detections of
a keyword and the start and end positions of the corresponding paths
are returned as on- and offsets, respectively. If multiple detections
overlap in time, all detections are shortened such that, at each posi-
tion in time, only the single detection with the highest score is kept.
Detections with less than half the duration of the training sample
belonging to the detected keyword are discarded.

2.2. TACos loss function
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Fig. 2. Illustration of the TACos loss function.



The TACos loss function, illustated in Figure 2, consists of a
supervised loss Lkw for predicting the keyword a given audio seg-
ment belongs to, which is the same loss as defined in [24], and a
self-supervised loss Lpos for predicting the relative position of this
segment within a keyword. When only using a supervised loss, the
resulting embeddings are mostly constant over time. The idea of
introducing a positional loss is to force the network to learn two-
dimensional embeddings that are changing over time and thus are
more suitable to be used as templates for DTW.

Since the length of different keywords may vary substantially,
the absolute position of a segment within a keyword has to be en-
coded relative to the length of the keyword to be able to use a fixed
number of position classes for all keywords. Let K ∈ N be the
total number of training samples, Nseg(k) ∈ N denote the num-
ber of segments belonging to the kth training sample and define
Npos := maxk∈{1,...,K}{Nseg(k)}. Then, the relative positional en-
coding ypos(ek,iseg) ∈ [0, 1]Npos of embedding ek,iseg belonging to
segment iseg ∈ {1, ..., Nseg(k)} of keyword sample k is obtained
by setting

ypos(ek,iseg , ipos) =
1Iactive(k,iseg)(ipos)∑Npos

jpos=1 1Iactive(k,iseg)(jpos)

with Iactive(k, iseg) =
[
1 +

⌈ (iseg−1)·Npos
Nseg(k)

⌉
,
⌈ iseg·Npos

Nseg(k)

⌉]
. Thus, for

keyword samples shorter than the longest training sample, multiple
positions may be set as active with equal probability resulting in soft
labels for the position.

Let Nkw ∈ N denote the number of different keywords in the
dataset and let ykw(e, ikw) ∈ [0, 1] denote the categorical keyword
labels of the samples. Let T :=

⌈
Lseg · 16000

256

⌉
∈ N be the time di-

mension and Demb ∈ N be the embedding dimension of an embed-
ding e ∈ RT×Demb belonging to a single segment. Then, we define
the cosine similarity of embedding e to keyword ikw ∈ {1, ..., Nkw}
and position ipos ∈ {1, ..., Npos} as a temporal mean given by

θ(e, ikw, ipos) :=
1

T

T∑
t=1

max
icluster

⟨e(t), c(icluster, ikw, ipos)⟩
∥e(t)∥2∥c(icluster, ikw, ipos)∥2

for trainable cluster centers c ∈ RNcluster×Nkw×Npos×Demb with
Ncluster ∈ N, which do not have a temporal dimension. The corre-
sponding softmax probability of embedding e belonging to keyword
ikw and position ipos is defined as

s(e, ikw, ipos) :=
exp(ŝ · θ(e, ikw, ipos))∑Nkw

jkw=1

∑Npos
jpos=1 exp(ŝ · θ(e, jkw, jpos))

where ŝ ∈ R+ is the dynamically adaptive scale parameter as de-
fined for the sub-cluster AdaCos loss in [34]. The probability of em-
bedding e belonging to keyword ikw is set to

∑Npos
jpos=1 s(e, ikw, jpos)

and the probability of embedding e belonging to position ipos is set
to

∑Nkw
jkw=1 s(e, jkw, ipos). Therefore, the loss functions for a single

embedding e are equal to

Lkw(e) :=

Nkw∑
ikw=1

ykw(e, ikw) log
( Npos∑
ipos=1

s(e, ikw, ipos)
)

Lpos(e) :=

Npos∑
ipos=1

ypos(e, ipos) log
( Nkw∑
ikw=1

s(e, ikw, ipos)
)

and the TACos loss used for training the network is

LTAC := − 1

K

K∑
k=1

1

Nseg(k)

Nseg(k)∑
iseg=1

(Lkw(ek,iseg) + Lpos(ek,iseg)).

Note that the cluster centers c significantly increase the total number
of trainable parameters of the model. For all experiments in this
work, Demb = 128 and Ncluster = 16 were used.

2.3. Using temporally reversed segments

As a second modification, we propose to utilize temporally reversed
versions of all keyword segments as additional training samples
when training the embedding model. The idea is that the network
has to be able to recognize the correct temporal order, i.e., we en-
force that the reverse keyword is considered to be different from the
non-reversed version. By doing so, the model has a harder task in
correctly predicting the corresponding keyword and position of the
segments. This leads to more informative embeddings and reduces
the number of false detections. For each keyword class except for
“no speech”, an additional unique label for the reversed keyword
segments is introduced, almost doubling the number of different
keyword classes. The position of the reversed segments and the
segments not containing any speech are both encoded by using a
uniform posterior probability over the position classes.

3. EXPERIMENTS

3.1. Dataset

For all experimental evaluations, KWS-DailyTalk based on the ASR
dataset DailyTalk [25] was used. KWS-DailyTalk is a five-shot
KWS dataset aimed at detecting 15 different keywords, namely
“afternoon”, “airport”, “cash”, “credit card”, “deposit”, “dollar”,
“evening”, “expensive”, “house”, “information”, “money”, “morn-
ing”, “night”, “visa” and “yuan”. The dataset consists of a training
set with five isolated samples for each keyword and a duration of 39
seconds, as well as a validation and a test set, with an approximate
duration of 10 minutes each, containing 156 and 157 sentences taken
from dialogues, respectively. These sentences contain either none,
a single, or multiple occurrences of the keywords as well as several
other words that are not of interest but may cause false alarms. All
keywords appear about 12 times each in the validation and the test
set. The on- and offset of each keyword were manually annotated.
Furthermore, it is ensured that a keyword sample used for training
and the sentences of the validation and test set that also contain this
keyword do not belong to the same conversation to make the KWS
task more realistic and slightly more difficult. For all experimental
evaluations, the event-based F-score (micro-averaged) as imple-
mented in the sed eval toolbox [35] was used. All hyperparameters
of the KWS systems were tuned to maximize the performance on
the validation set.

3.2. Baseline approaches

For comparison, the embeddings from [24] reviewed in subsec-
tion 2.1 and the following two baseline systems are used.

HFCCs: Instead of applying sub-sequence DTW to trained em-
beddings, HFCCs [22, 32] based on spectrograms with a window
of 40ms and a step size of 10ms are used. These features were
shown to outperform Mel-frequency cepstral coefficients in query-
by-example KWS approaches. The DTW algorithm is the same as
stated in subsection 2.1.



Table 1. Event-based, micro-averaged F-score, precision and recall obtained on KWS-DailyTalk with different KWS systems. Highest F-
scores for each feature representation are highlighted with bold letters, overall highest F-scores are underlined.

KWS feature representation reversed segments threshold obtained performance
validation set test set

F-score precision recall F-score precision recall

HFCCs not applicable global 60.52% 63.25% 58.01% 56.97% 61.54% 53.04%
HFCCs not applicable individual 64.71%64.71%64.71% 69.18% 60.77% 57.74%57.74%57.74% 62.58% 53.59%

embeddings (sliding) not used global 39.76% 43.71% 36.46% 38.35% 41.14% 35.91%
embeddings (sliding) not used individual 46.96% 49.39% 44.75% 40.44% 40.00% 40.88%
embeddings (sliding) used global 44.13% 62.00% 34.25% 44.83% 59.63% 35.91%
embeddings (sliding) used individual 55.43%55.43%55.43% 54.55% 56.35% 50.42%50.42%50.42% 51.14% 49.72%

embeddings (Lkw) [24] not used global 56.04% 52.40% 60.22% 54.25% 53.80% 54.70%
embeddings (Lkw) [24] not used individual 58.38% 57.14% 59.67% 53.04% 53.04% 53.04%
embeddings (Lkw) used global 64.58% 74.64% 56.91% 61.30%61.30%61.30% 69.72% 54.70%
embeddings (Lkw) used individual 66.12%66.12%66.12% 64.89% 67.40% 60.53% 57.79% 63.54%

embeddings (Lkw + Lpos) not used global 62.78% 75.78% 53.59% 64.65% 82.76% 53.04%
embeddings (Lkw + Lpos) not used individual 63.36% 63.19% 63.54% 63.31% 68.15% 59.12%
embeddings (Lkw + Lpos) used global 65.78% 82.50% 54.70% 70.47%70.47%70.47% 89.74% 58.01%
embeddings (Lkw + Lpos) used individual 69.44%69.44%69.44% 75.00% 64.64% 69.16% 79.29% 61.33%

Sliding window: As a third system, a sliding window based
approach using a neural network trained with the standard AdaCos
loss [28] is used. The network architecture is the same as presented
in subsection 2.1 with the following modifications: For each residual
block, the max-pooling operation is also applied to the temporal di-
mension and a flattening operation is applied before projecting onto
the embedding space. To detect on- and offsets of keywords, the
cosine distance of the resulting embeddings to each of the keyword-
specific centers is calculated first. Then, these cosine distances are
compared to a pre-defined threshold and a median filter with a size
equal to the average number of segments over all training samples
belonging to the corresponding keyword, rounded to the nearest odd
natural number, is applied to the Boolean decision results. Start and
end points of the resulting positive regions are adjusted by adding
−Lseg

2
and +

Lseg
2

, respectively, and indicate on- and offsets of de-
tected keywords.

3.3. Experimental results

The experimental results obtained on KWS-DailyTalk can be found
in Table 1. First, it can be seen that using the proposed TACos
loss leads to significantly better performance than when only using
Lkw, as done in [24], or using a sliding window based approach,
particularly so on the test set. Moreover, both embeddings per-
form better than HFCCs despite having only 39 seconds of audio
recordings available for training. A second major observation is
that using temporally reversed segments for training the embedding
model always improves the performance regardless of the chosen
KWS approach. We want to emphasize that this can be observed al-
though very powerful data augmentation techniques, namely Mixup
and SpecAugment, are applied. Furthermore, tuning individual de-
cision thresholds for each keyword class only improves the test per-
formance when using a sliding window but not for the proposed ap-
proach for which the performance actually slightly decreases. Thus,
another advantage is that one does not have to tune individual deci-
sion thresholds, which would be very impractical.

4. CONCLUSIONS

In this paper, TACos, a novel loss function for training neural net-
works to extract discriminative embeddings with temporal structure
and a few-shot KWS-system based on DTW utilizing this loss were
proposed. TACos consists of two components for learning the corre-
sponding keyword of small speech segments as well as their relative
position within a given keyword. To evaluate the performance of the
KWS system, KWS-DailyTalk, an open-source dataset for few-shot
keyword spotting based on DailyTalk, was presented. In experiments
conducted on this dataset, it was shown that the proposed approach
outperforms KWS systems based on other representations or a sys-
tem using a sliding window. Last but not least, it was shown that
exploiting temporally reversed segments of provided training sam-
ples improves the performance regardless of the embedding type.
For future work, the proposed method will be evaluated in noisy
conditions and for zero-shot KWS by pre-training the embeddings
on a large ASR dataset as done in [20] and/or using pre-trained ASR
embeddings instead of spectrograms as input representations.
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