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Abstract
Speech-based depression detection tools could help early

screening of depression. Here, we address two issues that may
hinder the clinical practicality of such tools: segment-level la-
belling noise and a lack of model interpretability. We pro-
pose a speech-level Audio Spectrogram Transformer to avoid
segment-level labelling. We observe that the proposed model
significantly outperforms a segment-level model, providing ev-
idence for the presence of segment-level labelling noise in au-
dio modality and the advantage of longer-duration speech anal-
ysis for depression detection. We introduce a frame-based at-
tention interpretation method to extract acoustic features from
prediction-relevant waveform signals for interpretation by clin-
icians. Through interpretation, we observe that the proposed
model identifies reduced loudness and F0 as relevant signals of
depression, which aligns with the speech characteristics of de-
pressed patients documented in clinical studies.
Index Terms: frame-based attention interpretation, speech
analysis, depression detection

1. Introduction
Depression is a common mental disorder, characterised by pro-
longed low mood, and loss of interest in activities, with an es-
timated 5% of adults suffering from it globally [1]. Recently,
more research attention has been placed on developing auto-
matic depression screening tools, using Deep Neural Networks
(DNNs) to analyse patients’ speech. These tools have the po-
tential to monitor individuals’ risk of depression at early stages
and assist clinicians in providing rapid interventions.

This paper addresses two issues that may hinder the clinical
implementation of speech-based screening tools for depression:
noise that could result from segment-level labelling and a lack
of model interpretability.

First, segmentation of data sequences is a common ap-
proach to avoid processing long sequences for training DNNs.
For instance, [2] and [3] segmented audio data sequences along
the temporal dimension, each labelled according to the partic-
ipant’s overall label. However, assuming that there are speech
segments from depressed patients that contain no depression-
relevant information (i.e. if depressive markers are not evenly
spread across the whole speech), and are nonetheless labelled
“depressed”, this segment-level labelling approach can add
noise to the model training and consequently reduce prediction
accuracy in clinical practice.

To avoid labelling noise in social media analysis, [4] ap-
plied a post-level encoder to first encode social media posts
from the same user into fixed-size embeddings. The sequence
of embeddings from each user is then fed to a user-level en-
coder for a user-level depression classification given a single

label. While segment-level labelling noise may be obvious in
social media analysis (i.e., text modality), where some posts do
not explicitly contain depression-related utterances, it is not ob-
vious for speech analysis (i.e., audio modality).

Inspired by [4], our model performs sentence-level segmen-
tation for long speech analysis, whereby speech is first seg-
mented into audio segments consisting of natural sentences. We
then apply a sentence-level encoder to encode the segments into
a sequence of embeddings, which can then be processed by a
speech-level encoder to make a single prediction for each partic-
ipant, dispensing with the need for segment-level labelling. We
then compare the model’s performance to a model that learns at
a segment level (segment-level model) to investigate segment-
level labelling noise in speech-based depression detection.

Second, predictions made by DNNs are hardly inter-
pretable. The lack of interpretability can hinder the applica-
tion of speech-based depression screening tools in clinical prac-
tice [5, 6]. Attention scores have been suggested as a means
of model interpretation because they provide understandable
weight distributions over input features [7]. In their design of
a Hierarchical Attention Network (HAN), for instance, [8] ac-
quired attention scores from attention layers to infer the impor-
tance of tokens in social media tweets for depression detection.
Intuitively, input tokens at the sequence positions with high at-
tention scores contribute more to depression detection.

However, this attention-based interpretation approach is in-
sufficient for two reasons: firstly, it ignores the computations
that happened before the attention layers [9]. Specifically, in
[8], before attention operations, each token has already been
contextualised by every other token by a bidirectional Gated
Recurrent Unit (biGRU). Therefore, representations produced
from the biGRU at each input position capture not only the in-
formation of the token itself but also the context of the whole
tweet. Consequently, the attention scores at later layers do not
map directly onto the input tokens, but rather onto their context-
enriched representations, making it insufficient to interpret the
attention scores as representing the importance of individual to-
kens.

Secondly, it has been demonstrated that raw attention
weights often do not correlate with gradient-based measures
of feature significance [10], which questions the validity of us-
ing raw attention weights for model interpretation. To address
these insufficiencies, we design the proposed model to be based
entirely on the attention mechanism so that we can track in-
teractions between input features at every attention layer us-
ing gradient-weighted attention maps [9]. By tracking inter-
actions, we introduce a novel frame-based attention interpre-
tation method to highlight Mel-spectrogram frames relevant to
depression detection, with which specific acoustic features can
be extracted for interpretation by human experts.
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Figure 1: Workflow of the frame-based attention interpretation method. For demonstration purposes, the long spectrogram represents
a long speech interval of ten sentences as an input for the proposed model. Here, the speech-level interpretation first identifies the most
relevant five sentences, with indexes of 2, 5, 7, 8, and 9. Then, the sentence-level interpretation identifies the relevant frames, using
a relevancy threshold of 0.3, for each sentence. Lastly, the waveform signals that temporally correspond to the relevant frames are
identified, which are thereby processed by OpenSMILE for relevant acoustic feature extraction.

2. Method
2.1. Data pre-processing

The D-vlog dataset [11] was used. To obtain audio segments
consisting of natural sentences, we first obtained text data by
applying the open-sourced Whisper model [12] to transcribe the
waveforms into texts with word-level time stamps. We then de-
signed a sentence-level data segmentation approach to obtain
text segments consisting of natural sentences, each with a num-
ber of words generally longer than seven.

Each text segment has word-level timestamps in millisec-
ond units, indicating the start and end times of each sentence.
These timestamps are utilised to retrieve the relative sentence-
level waveforms to constitute the audio segments, with tempo-
ral lengths averaging approximately 5.53s (standard deviation,
sd = 13.53s). Each waveform is transformed into a sequence of
128-dimensional log Mel filterbank features, utilizing a 25ms
Hamming window with a step size of 10ms. The resulting
Mel-spectrograms were uniformly padded or truncated to di-
mensions of 128× 1024.

2.2. Speech-level model architecture

The proposed speech-level model is based entirely on the atten-
tion mechanism [13]. First, the model consists of a sentence-
level processing block, which encodes sentence-level spec-
trograms using a pre-trained frame-based Audio Spectrogram
Transformer (AST) [14]. Instead of partitioning the spectro-
gram into patches of size 16 × 16, the frame-based AST splits
the spectrogram into frames of size 128 × 2 along the temporal
dimension. We add attention masks to ignore padding. After
the processing, the [cls] token from the audio data then rep-
resents the sentence-level audio data.

Second, the model consists of a speech-level processing
block which is also a transformer encoder (six consecutive at-
tention layers) that operates at the speech level. It receives
the sequence of sentence representations produced from the
sentence-level processing block for each participant and injects

positional embeddings to consider the sequence order of each
sentence. A speech-level [cls] token is prepended to the se-
quence to aggregate the sequence into a single representation
which will be mapped onto a 2-dimensional space for the final
binary classification.

Consider a given speech Si = {si1, si2, ..., sin} from a
participant Pi, where sij represents the Mel-spectrogram of the
jth sentence in the speech. The speech Si is passed through
the sentence-level processing block to be processed by the
sentence-level encoders into a sequence of embeddings Ei =
{ei1, ei2, ..., ein}, representing each sentence in the speech of
participant Pi. The sequence Ei is then encoded by the speech-
level processing block into a single representation ri for binary
classification.

2.3. Frame-based attention interpretation

Since our model has two processing blocks (i.e., sentence-level
and speech-level), our frame-based interpretation method is hi-
erarchical to first provide a speech-level interpretation, address-
ing the question “Which sentences within a given speech are
most relevant to depression detection?”, and then a sentence-
level interpretation, addressing the question: “Within the rele-
vant sentences, which Mel-spectrogram frames are most rele-
vant to depression detection?”. A visualisation of the interpre-
tation procedure can be seen in Figure 1

For the speech-level interpretation, we derive attention
scores from within the speech-level processing block. For each
attention layer, we apply the approach introduced in [9] to
weigh the relative importance of attention scores across atten-
tion heads to obtain a gradient-weighted attention map Ā, set
out in equation (1), where ∇A := ∂yd

∂A
represents the gradi-

ents of the output for the depression class d with respect to the
attention scores A. The Hadamard product ⊙ accounts for the
relative importance of attention scores. We take the mean Eh

across heads, with negative contributions removed.

Ā = Eh[(∇A⊙A)+] (1)



We initialise a relevancy map with the identity matrix for
the speech-level processing block as Rss = Is×s, consider-
ing each sentence representation and the speech-level [cls]
token as initially “self-relevant”. Then, we apply equation (2),
where XX can represent either ss or aa, to update Rss with a
forward pass across every self-attention layer within the block.
This provides a mechanism for continuously tracking relevancy
between representations at deeper layers while updating the rel-
evancy map.

RXX ← RXX + Ā ·RXX (2)
After updating, we take the first row of the matrix Rss, cor-

responding to the position of the [cls] token, which contains
a relevancy score for each sentence representation. We interpret
the sentences at the positions with the highest relevancy scores
as most relevant to depression detection.

We then perform the sentence-level interpretation for the
most relevant sentence representations. We first derive the at-
tention scores with respect to these representations from within
the sentence-level processing block. Next, we follow the same
procedure as above to obtain a gradient-weighted attention map
Ā from each attention layer.

We initialise a relevancy map Raa = Ia×a to account for
the self-attention interactions within the audio modality (i.e. be-
tween spectrogram frames). We then apply equation (2) to up-
date Raa across the attention layers within the sentence-level
processing block with a forward pass.

After updating, we extract the first row from the relevancy
map Raa, corresponding to the position of the sentence-level
[cls] token. This row r = [r1, r2, . . . , rn] contains a rele-
vancy score for every Mel-spectrogram frame n within the sen-
tence. We then apply the Min-Max normalization process to this
row, adjusting each element to have a value ranging between 0
and 1. The normalised relevancy scores are used to highlight
the frames that are relevant to depression detection.

Lastly, we identify the waveform signals corresponding
temporally to the relevant spectrogram frames, which are pro-
cessed using OpenSMILE [15] to extract relevant acoustic fea-
tures that are interpretable to human experts.

3. Experiments
3.1. Data

D-Vlog, the dataset used in our experiments, consists of 961
YouTube video vlogs labelled by trained annotators as either
“depressed” or “normal”. The authors shared the YouTube
video keys which were used to download the audio waveforms
for our research purposes. However, some videos were made
unavailable by their owners. Also, due to limited computational
resources, we did not consider videos that are longer than 15
minutes. In total, we downloaded 698 waveforms, with 52.7%
labelled as “depressed”. We stratified data splitting based on
unique YouTube accounts to prevent data leaks. We also strati-
fied based on class and gender to produce the train/development
splits shown in Table 1, using an 8:2 ratio. One “depressed”
sample with data processing issues was excluded from the de-
velopment set.

3.2. Segment-level model

To investigate if segment-level labelling noise affects audio
modality for depression detection, we fine-tuned a frame-based
AST to make segment-level predictions (i.e. lacking the speech-
level processing block compared to the proposed speech-level

Table 1: Number of Depression and Normal instances per set

Depression Normal

Train 294 261
Development 73 69

model). We used the first 42 sentences segmented from each
participant’s speech, each labelled as either “depressed” or
“normal” according to the participant’s overall label. Note that
some participants have fewer than 42 sentences in their speech
(mean = 39.41, sd = 11.42). To derive a speech-level probabilis-
tic prediction for each participant, we calculate the predicted
probability of depression as the ratio of sentences classified as
“depressed” to the total number of speech sentences for that
participant

3.3. Implementation details

One NVIDIA A100 GPU was used for conducting experiments.
We trained the proposed speech-level model also using the first
42 sentences segmented from each participant’s speech. The
sentence-level spectrograms from each participant were batched
for the sentence-level processing block to process, which out-
puts one sequence of embeddings, with a minibatch size of 1,
for the speech-level processing block to process. We applied
gradient accumulation, whereby gradients are accumulated for
72 training steps before each parameter update.

For both the speech-level and segment-level models, we
froze the first nine layers and randomly reinitialised the last
three layers of the pre-trained AST. Both models were trained
using an Adam optimizer [16] with a learning rate of 3× 10−5

and a weight decay of 0.01. For a fair comparison, training was
stopped at the onset of overfitting (epoch 9 for the speech-level
model and epoch 8 for the segment-level model) as indicated by
the cessation of further decrease in development loss. While we
acknowledge that this approach will lead to overly optimistic es-
timates of performance for both models, we note that this work
does not aim to benchmark performance on the D-Vlog dataset.

3.4. Model performance

Table 2 displays the AUC (Area Under the Receiver Operating
Characteristics Curve) scores for the segment-level and speech-
level models evaluated on the development set. The speech-
level model demonstrates a statistically significant improvement
in AUC score over the segment-level model (p < 0.05). The
result suggests the presence of segment-level labelling noise
in audio modality and the advantage of longer-duration speech
analysis, which avoids using segment-level labelling, for more
reliable depression detection in clinical practice.

Table 2: AUC performances for models, including DeLong’s
test p-value for statistical comparison. AUC serves as a clas-
sification threshold-invariant measure of model discrimination
ability (see a detailed explanation of AUC in [17]). The 95%
confidence intervals (CI) for AUC scores were obtained through
bootstrapping the development set (5,000 bootstrap samples),
using the ConfidenceIntervals package (v0.0.3) [18].

Model AUC (95% CI) p-value
Segment-level 0.714 [−.085,+.082] —
Speech-level 0.772 [−.080,+.074] 0.0127



Figure 2: Violin plot of relevant acoustic feature distributions between true positives (n = 60) and true negatives (n = 41). Relevant
acoustic features were extracted from the waveform signals temporally corresponding to the spectrogram frames with relevancy scores
higher than 0.3 from the five most relevant sentences of each sample. For true negatives, gradients of the output for the “normal” class
with respect to the attention scores were used to weigh the attention maps. Statistical significance was assessed using the Mann-Whitney
U test, with Bonferroni correction applied for multiple comparisons. Significance levels were denoted as: ns for not significant; * for
p ≤ 0.002, indicating significant differences; ** for p ≤ 0.0004; and *** for p ≤ 4× 10−5.

Figure 3: Perturbation test results for the speech-level model.
Accuracy was computed using a decision threshold of 0.527,
reflecting the prevalence of depression in the data. In the first
test, sentence-level spectrograms were incrementally excluded
in descending order of relevance, 10 at a time. In the second
test, only frames with a relevance score above 0.3 within these
sentence spectrograms were removed. The results of these two
tests were benchmarked against random exclusions: one where
sentence spectrograms were randomly excluded, and another
where random frames—amounting to 30% within any given rel-
evant sentence spectrogram—were removed. Note that the ac-
curacy never drops below 47.18% for all tests, likely because
the model defaults to positive predictions in the absence of in-
put signals due to the slight class imbalance in the training set.

3.5. Perturbation study

We conducted perturbation tests to explore the impact of omit-
ting relevant sentence-level spectrograms or frames on our
speech-level model’s performance. As shown in Figure 3, with
detailed test descriptions provided in the figure caption, the se-
lective removal of relevant frames led to a marked decline in
model accuracy, substantially outpacing the accuracy degrada-
tion observed with random frame removal. The selective ex-

clusion of relevant sentence-level spectrograms resulted in a
further reduction in accuracy, which is marginally more pro-
nounced, especially for the first 10 sentences, than that ob-
served with random removal of sentences. This observation
implies differences between sentence-level spectrograms, or
speech segments, in terms of signal importance for model pre-
dictions.

3.6. Relevant acoustic feature extraction

For the final step of the interpretation method, we locate the
waveform signals temporally corresponding to the relevant
spectrogram frames and extract a set of acoustics features from
these signals using OpenSMILE (v2.5.0). Figure 2 demon-
strates the results of interpreting the proposed model by com-
paring the distribution differences in terms of the eGeMAPS
(v02) [19] feature set between true positive/negative samples
(see a detailed procedure description in the figure caption). We
observe that the proposed model, for instance, identifies re-
duced loudness and fundamental frequency (F0) as relevant sig-
nals of depression, which aligns with the speech characteristics
of depressed patients documented in clinical studies [20].

4. Conclusions
This work provides evidence for the presence of segment-level
labelling noise in the audio modality for depression detection,
showing the advantage of longer-duration speech analysis for
clinical predictions over those based on short speech segments.
Crucially, this work demonstrates the feasibility of audio in-
terpretation for DNNs-based disease detection, where relevant
acoustic features can be extracted for human interpretation. For
future work, we propose that the interpretation method can be
applied to systematically study the behaviour of speech-based
disease detection systems. For instance, a system’s characteris-
tics (e.g., reliance on certain acoustic features) in making false
positives/negatives can be documented prior to their clinical im-
plementations, which allows clinicians to critically assess the
reliability of certain model predictions.
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