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Bigger is not Always Better: The Effect of Context
Size on Speech Pre-Training

Sean Robertson, Ewan Dunbar

Abstract—It has been generally assumed in the automatic
speech recognition (ASR) literature that it is better for models to
have access to wider context windows. Yet, many of the potential
reasons this might be true in the supervised setting do not
necessarily transfer over to the case of unsupervised learning. We
investigate how much context is necessary to achieve high-quality
pre-trained acoustic models using self-supervised learning. We
principally investigate contrastive predictive coding (CPC), which
we adapt to be able to precisely control the amount of context
visible to the model during training and inference. We find that
phone discriminability in the resulting model representations
peaks at around 40 ms of preceding context, and that having
too much context (beyond around 320 ms) substantially degrades
the quality of the representations. Surprisingly, we find that this
pattern also transfers to supervised ASR when the pre-trained
representations are used as frozen input features. Our results
point to potential changes in the design of current upstream
architectures to better facilitate a variety of downstream tasks.

Index Terms—speech processing; speech representations; self-
supervised; pre-training; context; viewpoint; chunking; speech
recognition

I. INTRODUCTION

ALL machine learning, including that applied to speech
processing, involves predicting the values of unknown

variables from known ones. In recent years, the field has
generally assumed that the more known values that can be
fed into the model, the better. With the rise in popularity of
BERT [1], many speech systems have been built upon the self-
attention layer [2, 3, 4, 5, 6, 7, 8], capable of incorporating
input context at arbitrary distances into their per-frame outputs.
For supervised tasks such as automatic speech recognition
(ASR), comparisons against models with restricted context
have mostly favoured the unrestricted variety [9, 10, 11, 12].
Even if most of the information sufficient in deciding which
character or word to transcribe sits within less than a second
of its uttering [13, 14], additional information (e.g. syntactic,
semantic, speaker, etc.) which could help in that decision
may sit outside of that interval; a powerful, supervised speech
system can learn what to keep and what to filter out.

Yet while unconstrained context has been largely beneficial
to supervised tasks, that boon may not transfer so nicely to
unsupervised speech pre-training. The goal of a pre-training
task is far more nebulous than its supervised counterparts:
to train an “upstream” model which emits representations
(feature vectors) of speech which facilitate downstream tasks
[15, 16, 17]. Self-supervision—the prediction of parts of an

S. Robertson and E. Dunbar are with the University of Toronto.
This work has been submitted to the IEEE for possible publication.

Copyright may be transferred without notice, after which this version may
no longer be accessible.

input signal from other parts—has become a commonplace
strategy in recent years. Yet, it is not at all obvious why the pat-
terns most important to self-supervised prediction will extend
to other settings. In particular, the calculus of context changes:
information relevant to a predictive task could be detrimental
to a given downstream task. Despite this possibility, state-of-
the-art pre-trained systems continue to use unconstrained self-
attention uncritically [3, 4, 5, 6, 7].

The goal of this research is to examine these one-size-fits-
all assumptions of prediction and context in more depth. We
orient our experiments around the ABX phone discriminability
task [18, 19]. The ABX task measures the degree to which an
upstream model discriminates between phonemes, according
to the gold labels, by scoring the number of times model
representations of tokens of a given phoneme are more similar
to other representations of the same versus another phoneme.
In ideal conditions, humans take only a fraction of a second
of speech to identify phonemes with high accuracy [13, 14].
While longer time spans encode contextual information which
may help the human listener [20], the pre-training objective is
not guaranteed to synthesize that context in a way amenable
to the task. We hypothesize that providing too much context
as input to a self-supervised pre-trained speech model is
detrimental to ABX phoneme discriminability.

The primary goal of this research is to experimentally
validate this hypothesis and to determine how much input is
“too much.” To wit, we first construct a main experimental
design wherein a model and training regime from Nguyen
et al. [21] is adapted via a causal, chunked, self-attention
mechanism, to process input at one of seven, fixed-width
intervals. We followed Nguyen et al. [21] for convenience
and efficiency: their upstream models, trained on a contrastive
predictive coding (CPC) objective [22], achieved strong ABX
performance at relatively small sizes. We rigorously evaluate
whether our hypothesis holds for these settings, then extend
our findings to other settings, including different models,
data, and pre-training objectives. In addition to the ABX
phoneme discrimination task, we explore the effect of pre-
training context width on automatic speech recognition (ASR)
performance.

In Section II, we discuss the role restricted context has
taken in speech systems thus far, most recently in the form
of “chunking.” In Section III, we detail the the ABX task, the
CPC pre-training objective [22], and how the chunking mech-
anism may be leveraged to limit context in self-attention. In
Section IV we cover both the main and auxiliary experimental
designs, reporting their results in Section V. We discuss the
ramifications in Section VI and conclude in Section VII.

All of our code and experimental results are available online
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and freely at https://github.com/sdrobert/scpc.1

II. RELATED WORK

Restricting processing to a window of audio has been a main-
stay in speech technologies. The filter bank representation, a
common time-frequency feature, is a vector computed once
every (normally) 10 milliseconds and bound to a region of
analysis of 25 milliseconds. Note that we will refer to any
vector extracted from the audio with a fixed period (for our
purposes, always 10 ms) as a “frame.” In addition to the
windowing done in the features, ASR systems based on Gaus-
sian mixture models (GMMs) compute tri-phone distributions
with 1 to 9 frames’ context. Time delay neural networks
(TDNNs), in spite of their rich representational capacity,
often end up using only a few dozen frames of context (e.g.
[23]). Convolutional neural networks (CNNs) perform local
computations with respect to time and frequency, often with
much shorter windows in time than in frequency in the case of
ASR [24]. In the domain of unsupervised learning, the original
wav2vec is a stack of convolutions whose frames are derived
from less than a second’s context [25].

In an encoder-decoder architecture, an encoder processes
an input sequence (in ASR, speech features) and the decoder
ingests the encoder’s representations, spitting out its own
sequence of some arbitrary length (in ASR, the transcript).
Attention, discussed in Section III-A, allows the decoder to
access any part of the input sequence at once, removing the
need to keep track of the entire encoder sequence at once
[26]. This ability to handle arbitrarily long-term dependencies
made attention an attractive mechanism in general, prompting
an explosion of usage in encoder-only models—notably BERT
[1]—which output sequences of the same length as their
input.2 Attention found wide use in both ASR and pre-trained
speech models (e.g. [2, 8, 3, 7, 6, 5]).

Though the original goal was to model extremely long-
term dependencies, researchers have proposed a variety of
alterations to attention which limit its extent. Many may
be classified as some form of “monotonic attention” which
ensures that the index of the encoder representation a decoder
attends to (w.r.t. time) increases as the decoder outputs succes-
sive tokens. Early methods involve deciding (somehow) where
to end the attention window per decoder step, attending to
the encoder representation between that end and the previous
end [27, 28]. Segments may be smoothed by parametrizing
Gaussian windows [29], limited to a fixed chunk of past
context [30], or extended backwards indefinitely [31]; see
Prabhavalkar et al. [32] for an empirical comparison of the
varieties relevant for ASR. Though monotonic attention is
a principled means of limiting context to a few frames,
it requires a decoder to govern the windowing mechanism,
something which pre-trained models do not have.

In encoders for ASR and speech pre-training, a widespread
and simple means of limiting attention context is through
chunking: limiting the input of one or more self-attention
layers to a fixed-width, contiguous span of vectors (a “chunk”),

1Last accessed Decenber 3rd, 2023.
2Or something proportional: that is, down-sampling.

then stitching the results of each chunk together during infer-
ence. Dong et al. [9] chunked input in a self-attention-based
speech recognizer into blocks of 300 to 2000 ms with varying
degrees of overlap. Though restricting context to only about 2
seconds did increase the model’s character error rate (CER), it
did so by only around 2% relative. Zhang et al. [10], similar to
our approach, used masking to limit attention windows for the
purpose of self-attention-only ASR. Though their experiments
focus on limiting forward attention to achieve state-of-the-
art results, their results when limiting backward attention to
only a 5- to 6-second window were competitive. Fu et al.
[11] mixed full attention with chunked, causal attention in a
joint loss function to pre-train speech representations, yielding
comparable results to full attention in a downstream ASR task.
Swietojanski et al. [12] recently combined backward attention
with multi-pass chunking to yield competitive ASR results.
Though their best results were obtained with arbitrarily-long
context, they achieved an astounding 4.22% WER on in-house
data using only about 800 ms of context. Finally, Whisper
stitches together transcriptions from 30-second chunks [2].

In the above, chunking (and monotonic attention) is almost
always justified in terms of latency or tractability. Vanilla
attention is computed over the entire input sequence, making
it unsuited to situations where low-latency transcriptions are
necessary. Further, since attention has quadratic run-time com-
plexity, chunking becomes necessary for very long utterances.
As such, chunking is often framed as a trade-off between
accuracy and efficiency.

Chunking is not always less accurate than vanilla attention,
however. The developers of Google USM illustrate that using
only 30-second chunks in training and inference leads to poor
ASR results when utterances are a few minutes long [8]. These
findings are consistent with previous findings in encoder-
decoder-based supervised ASR [33, 34]. It is difficult to assess
the severity of the issue empirically, as LibriSpeech [35], the
current de facto standard contemporary ASR benchmark, is
limited to utterances of at most 30 seconds.

Regardless of the reason, to the best of our knowledge,
chunking has only been systematically explored in the case
of supervised ASR.3 When chunking has been employed in
speech pre-training, results across chunk sizes have not been
reported. One exception is the comparison between 30-second
vs. 8-second windows in [8]. However, even this comparison is
limited, as it evaluates only with respect to downstream ASR
performance. Research which evaluates the role of context
windowing on pre-training in depth has been absent from
speech processing research.

The closest sibling that we have found to our work is
that of Tian et al. [36], who argue against the notion of a
universal viewpoint in contrastive learning. A “viewpoint”
refers to a transformation of the input which an upstream
model is supposed to learn to ignore as noise. Noise to some
downstream task may be valuable information to another (or

3Schneider et al. [25] do compare the effects of cropping utterances
to variable widths during pre-training on downstream phone recognition
performance but, since their models are of a fixed context width already much
shorter than those cropped spans, the changes are more likely to be a function
of the network’s contrastive loss.
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vice versa), hence the lack of universality. As “chunking” may
be considered a specific instance of transformation, the same
argument applies here. The difference between this work and
that of Tian et al. [36] is primarily the choice of applied
domain: the authors illustrate the principle solely on computer
vision tasks. That said, we also believe their argument against a
universal viewpoint should hold for any pre-training objective,
not just those which are contrastive. We provide preliminary
support for this in our experimentation.

III. METHODS

We outlined our goals for this research in Section I and
situated them in the current research environment in Section II.
As we are looking to investigate whether restricting context
in upstream speech models can be beneficial to downstream
evaluations (in our case, phone discriminability), we cover
here the main methods we use to do so. We introduce our
context-limiting layer in Section III-A; the ABX-LS probe
task in Section III-B; and the CPC pre-training objective in
Section III-C.

A. Causal, Chunked Self-Attention

Attention [26, 37], in full generality, takes as input a query
vector q ∈ RdQ , some number T ∈ N of key vectors k =
(k1, . . . , kT ), kt ∈ RdK , and the same number of value vectors
v = (v1, . . . , vT ), vt ∈ RdV . Parametrized by a score function
score : RdQ ×RdK → R, attention produces a vector in RdV

defined as:

attend(q,k,v) =

T∑

t=1

α(q,k)vt, where (1)

α(q,k) =
exp (score(q, kt))∑T

t′=1 exp (score(q, kt′))
. (2)

There are a variety of score functions to choose from.
Vaswani et al. [37] defined the multi-headed, scaled, dot-
product attention which we use in all of our experiments.

Self-attention [37] merely identifies all input vectors in
Eq. (3) with elements of a single sequence x = (x1, . . . , xT ),
including the query. We can choose the query T different ways,
leading to T different output vectors. Thus, self-attention
converts an input sequence x(in) into an output sequence of
the same dimensions x(out):

x
(out)
t = attend

(
x
(in)
t ,x(in),x(in)

)
. (3)

Any output vector x(out)
t depends non-linearly on the entire

input sequence x(in). Since the score function is point-wise, T
may change dynamically with new input. Thus, self-attention
can be computed on sequences of arbitrary length.

Chunking the self-attention mechanism to limit its depen-
dencies is straightforward: we merely limit the second and
third argument of attend to the same, contiguous span of vec-
tors of x(in). In addition, the CPC loss function (Section III-C)
demands the layer be causal: the vector x(out)

t can only depend
on the input vectors at or before the index t. Together, our
causal, chunked self-attention layer is defined as:

x
(out)
t = attend

(
x
(in)
t ,x

(in)
max(t−W,1):t,x

(in)
max(t−W,1):t

)
, (4)

where W ∈ N is the context width and xa:b = (xa, . . . , xb).
The main mechanism by which we will control the amount

of context available to our pre-trained front-ends is the hyper-
parameter W : a representation (an output vector) generated by
a single-layer causal, chunked self-attention network depends
only on the input vectors at and W − 1 frames prior to the
index of the representation. Setting W = T in Eq. (4) recovers
an un-chunked causal self-attention layer.

B. ABX-LS Phone Discrimination Benchmark
The spoken word is comprised of a series of phonemes, units
which (up to the limits of the combinatorial restrictions of the
language), when exchanged one for another, make listeners
perceive a different word or possible word. Critically for our
purposes, there is no temporally narrower unit of linguistic
contrast. Hence, phonemes are the ideal subject of a task
intended to probe the notion of sufficient, minimal context.
Note that we are talking about linguistic contrast. Something
smaller could be relevant to voice or audio representations,
but our attention here is on processing relevant to language
understanding.

Phonemic discrimination is the basis of the acoustic or
sub-word unit task of the Zero Resource Speech Challenge
[38, 39], measured through a “machine ABX” discrimination
task, based on methods in psychophysics [18, 19]. Intuitively,
two segments of speech perceived as the same phoneme
are more perceptually similar than two segments of speech
perceived as different phonemes: the ABX task asserts that
this similarity should be readily observed in speech repre-
sentations. Each sequence of speech representations can be
segmented according to the boundaries of phonemes derived
from force-alignment. Those sub-sequences are then parti-
tioned into sets labelled with the same phoneme. We construct
a measure of dissimilarity between two spans: consistent with
the tradition in the Zero Resource Speech challenge, we do so
using dynamic time warping (DTW) using the angular distance
as the underlying divergence score [21] (other approaches, for
example using pooling, are possible). Then, the ABX error
rate is calculated based on the frequency with which pairs of
spans labelled as the same phoneme are more dissimilar to
one another than spans labelled as different phonemes.

Many machine ABX tasks have been constructed, on a
variety of languages and with a variety of different purposes.
We opt for the ABX-LS suite of tests for English introduced
in Hallap et al. [19], in turn derived from Nguyen et al. [21].
ABX-LS is based on force-aligned evaluation partitions of
the LibriSpeech corpus, with the corpus itself extracted by
automatically aligning audiobook texts with their recordings
[35]. The evaluation suite proposed by Hallap et al. [19] takes
representations of isolated phonemes as input, in contrast to
earlier ABX evaluations which include additional context in
the input (triphone ABX), a setting which we put aside except
briefly in Section IV-A to establish continuity with the results
from the Zero Resource Speech Challenge.

In addition to development and test, the evaluation is divided
into clean and other conditions, depending on how easy the
automatic alignment was. Second, as the immediate neigh-
bours of the phoneme (i.e., its context) can drastically change
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its spectral properties, one may ask whether phonemes may be
discriminated in any context (or without context) or whether
discrimination is only viable within the same phonemic context
(defined as one phoneme before and after). Finally, represen-
tations may discriminate between different phonemes within
speakers, but not necessarily across speakers. Together, these
factors yield sixteen distinct evaluation conditions. We find no
reason to prefer one condition over another for the purposes
of our hypothesis. As such, when we report an ABX-LS error
rate, it is usually the arithmetic mean of the scores in the
sixteen conditions. We validate this assumption by searching
for interactions among the context widths W and the sixteen
ABX-LS conditions in Section V.

C. CPC and Pre-Training

As mentioned in Section I, self-supervised pre-training in-
volves predicting part of a signal from other parts of the
signal. What part specifically is being predicted and how that
prediction is operationalized has been used to taxonomize
existing approaches to self-supervision [15]. Since the majority
of our experiments train using contrastive predictive coding
(CPC) [22], we will tailor our explanation of a self-supervised
pre-training loss function to CPC. For a more thorough account
of the various self-supervised pre-training strategies, consult
Mohamed et al. [15].

To describe the approach, we adopt the nomenclature of van
den Oord et al. [22] when available. A CPC-compatible archi-
tecture consists of three networks: two main and one auxiliary.
The first, “encoder” network genc, receives as input the raw au-
dio sequence x = (x1, . . . , xT1

), xt ∈ R, and outputs a shorter,
“latent sequence” of vectors genc(x) = z = (z1, . . . , zT2),
zt ∈ RH1 , T2 ≪ T1. The second, so-called “auto-regressive”
network, takes in the latent sequence and outputs a “context
sequence” of vectors gar(z) = c = (c1, . . . cT2

), ct ∈ RH2 .
Note, importantly, that, although van den Oord et al. [22]
use LSTMs for gar, the network need not actually be auto-
regressive.The third, “predictor” network, gpred, receives the
context sequence and outputs S ≥ 1 “prediction sequences”
g
(s)
pred(c) = v(s) = (v

(s)
1 , . . . v

(s)
T2

), v
(s)
t ∈ RH3 , s ∈ 1 : S.

The prediction vector v
(s)
t will be used to predict a latent

vector s steps ahead in time, i.e. zt+s. In van den Oord et al.
[22], the predictor network was merely a matrix multiplication
v
(s)
t = W(s)ct; Nguyen et al. [21] later generalized gpred to

a single transformer layer [37] built upon causal self-attention
(see Section IV-A). In fact, there is a lot of architectural
flexibility in the definitions of genc, gar, and gpred, so long
as they generate sequences matching the signatures above. In
practice, we will also restrict ourselves to only causal networks
as the CPC loss function predicts future values from past ones.
Other loss functions have no such restriction and, indeed, it
would be an easy thing to modify CPC to remove it. We stick
with the standard definition so as to maintain a through-line
with previous work.

The goal of CPC pre-training is to transform the audio
sequence x into context vectors c which, by virtue of the
learned transformation g = gar ◦ genc, are more useful for
downstream speech tasks. The prediction network gpred and

its predictions v serve only as a vehicle for pre-training and
are discarded upon its completion. The intermediate, latent
sequence z plays no special role during inference, but plays
an integral role in the pre-training objective: functionally, z
is the thing being predicted by the prediction network. The
objective of self-supervised pre-training is to maximize the
similarity between v and z in some sense. In the case of CPC,
that sense is “contrastive”: the degree to which vt and zt′ are
similar depends on how strongly vt and zt′ coincide vs. how
strongly vt coincides with the average latent vector. Assuming
the latent vectors zt are of the same length as the prediction
vectors v(s)t and denoting their dot product as z⊺t v

(s)
t , we have:

LCPC =
1

S

S∑

s=1

L(s)
CPC, where (5)

L(s)
CPC = − 1

T − S

T−S∑

t=1

log
exp

(
z⊺t+sv

(s)
t

)

∑
z̃ exp

(
z̃⊺v(s)t

) . (6)

The sum in the denominator of Eq. (6) is over M latent
vectors z̃. One of those M vectors is zt+s; the remaining
M − 1 are drawn from a proposal distribution approximating
a global prior over possible zt. The proposal distribution is
usually taken as the uniform distribution over all zt generated
in the mini-batch. Intuitively, at a given point in time t, the
prediction network matches some unique part of the latent
representation s frames ahead in time, i.e. zt+s, without
matching parts common to the average latent representation.
Observing Eq. (5), the reader may convince herself that the
CPC loss is minimized when the sequential prediction vectors
match orthogonal components of z.

Equation (5) provides the definition of the CPC loss function
which we will use for the majority of the experimentation
covered in Section IV. Of course, other objectives exist, one
of which we will experiment with in that section. Yet despite
the surface differences between the objective in Eq. (5) and
the myriad of alternatives (see [15]), something akin to the
networks genc, gar, and gpred and the sequences x, z, c, and
v, exist across all methods for doing predictive or contrastive
self-supervised learning for speech: an input x is transformed
into a sequence z, to be predicted. To facilitate this, z is further
transformed into two other sequences, c and v, with the only
functional difference between them being that c is kept as
input to downstream tasks while v is discarded.

While we highlight this commonality in part to convince the
reader of the similarity between self-supervised pre-training
approaches, we do so in other part to emphasize the ambiguity
in the distinguished parts: it is not clear why z ought be
distinguished from c, nor c from v, since genc, gar, and
gpred are, from an architectural standpoint, interchangeable.
We believe that the primary purpose of the distinction is to
provide degrees of freedom which may be relevant to the
quality of the representation, such as the amount of input
audio available to a representation c, not explicitly encoded
into the pre-training objective. We discuss more in Section VI.
For now, we continue by introducing our experiments and
providing their results.
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IV. EXPERIMENTS

A comprehensive assessment of our hypothesis would involve
training and evaluating a variety of neural architectures, loss
functions, and data over many repeated trials. For feasibil-
ity’s sake, we decided instead to restrict our attention to
three suites of experiments. In the first suite—the so-called
“main” experiments—we manipulate the main experimental
variable—context width, W—of a CPC model equipped with
causal, chunked attention, evaluating the models on the ABX-
LS task. The second suite, outlined in Section IV-B, consists
of a battery of auxiliary experiments wherein confounding
variables in the main setup—namely, the number of layers,
the type of layer, and the type of pre-training loss—are
manipulated independently. Only one model is trained per
context width W , in each of these conditions. The goal here
is to illustrate that the trends established in the main setup
generalize to other setups. In our final suite of experiments, we
take the best models from the main setup (i.e. those with the
lowest ABX-LS error rate) and use them as pre-trained front-
ends for a downstream ASR task. The ASR setup is described
in Section IV-C.

A. Main Setup

In this section, we introduce the training and architectural
decisions most relevant to the design and implementation of
our experiments. There are a number of minute details which
we have foregone. For a full account, consult our code base.

We designed our experiments by iterating off of the CPC-
Small network developed for ZeroSpeech 2021 [21] and its
corresponding code base.4 In the original CPC-Small, the en-
coder network genc consisted of a stack of 5 1D-convolutional
layers with kernel sizes (10, 8, 4, 4, 4), strides (5, 4, 2, 2, 2),
and H1 = 256 channels each. The receptive field of genc
was 465 samples and generated a 256-dimensional vector
zt every 160 samples. At a sampling rate of 16 kHz, genc
the receptive field and frame shift (i.e. the time between zt
and zt+1) were roughly 30 milliseconds and 10 milliseconds,
respectively. The auto-regressive network gar was a two-layer
stack of long short-term memory networks (LSTMs) [40], each
of hidden state size H2 = 256. gpred was defined as a single,
causal transformer layer for each of the S prediction steps, a
transformer layer consisting of an 8-headed self-attention sub-
layer followed by a feed-forward sub-layer. After each sub-
layer was a residual connection [41] and layer normalization
[42]. The feed-forward sub-layer could change the size of
intermediate representations, but remained 256 so that v

(s)
t

would match the dimension of zt. To make the transformer
layer causal, the self-attention layer is swapped with its causal
version. During training, audio was chunked into 128-frame
blocks, then shuffled within-speaker and stored in batches of
64 blocks. S = 12 steps in the future were predicted.

To support our later experimental modifications, we make
some small changes to the architecture of Nguyen et al. [21].
First, gpred consists of just one transformer layer for all S

4https://github.com/facebookresearch/CPC audio, last accessed October
17th, 2023.

TABLE I
COMPARING ABX-LS ERROR RATES (%) OF IMPLEMENTATIONS OF

CPC-SMALL ON A SUBSET OF THE TRIPHONE-CONTEXT CONDITIONS.
dev-clean AND dev-other ARE PARTITIONS OF LIBRISPEECH; within AND

across REFER TO DISCRIMINATING PAIRS OF TRIPHONES FROM THE SAME
OR ACROSS SPEAKERS.

dev-clean dev-other
within across within across

Nguyen et al. [21] 6.2 8.5 8.2 13.6
Ours 6.2 8.9 8.5 14.9

Ours (no layer norm) 8.7 12.0 8.7 17.0

prediction steps, but its sub-layer outputs a vector of size
S×H2 = 3072. That vector is then split into S parts for each
prediction vector v

(s)
t . These modifications avoid learning a

new self-attention layer for each prediction step s, drastically
speeding up training and reducing the model’s GPU memory
footprint. Second, rather than shuffling blocks within speaker,
the entire corpus is processed sequentially for simplicity and
to reduce memory pressure. For comparison, we train this
modified model for 200 epochs on the train-clean-100 subset
of LibriSpeech with a small subset of that partition separated
as validation data according to van den Oord et al. [22]. We
keep the checkpoint with the lowest validation loss over all
epochs.

The first two rows of Table I compare the reported results
of the official CPC-Small implementation to those of our
implementation. Note that Table I lists triphone discrimination
error rates rather than those for phonemes as Nguyen et al.
[21] predates the phoneme measure. For comparison with
other results in this section, the mean, phoneme-level ABX-
LS error rate for our CPC-Small is 9.6%. As we can see,
our implementation performs slightly worse than the reference
implementation with a 0-5% relative increase in error rates
within speaker and 5-10% increase across, but, overall, the
results are comparable.

This modified architecture allows us to carry out our exper-
iments as follows. We replace the LSTMs in gar with a single
causal, chunked, transformer layer followed by a final, feed-
forward layer. The feed-forward sub-layer in the transformer
layer is of hidden state size 1024, but the final feed-forward
layer is of size 256, returning the speech representations to
the same size as those of CPC-Small. The increase in hidden
state size is chosen to achieve near parity in the number
of parameters (around 2.1 million) with CPC-Small (around
2.4 million). Our main experimental variable is the context
width W of the causal, chunked, self-attention sub-layer of
the transformer layer, which does not change the size of the
model.

We experimented with widths W ∈ {2i|i ∈ 1 : 7},5

corresponding to durations of roughly 40 to 1300 ms. As the
average phone duration in LibriSpeech appears to be around
90 ms (standard deviation 50),6 we felt this range ran the
gamut between too little context, on the one hand, and more
context than necessary, on the other.

5W = 1 would lead to an identity mapping in self-attention.
6Based on the force-aligned durations of phonemes from the train-clean-

100 partition of LibriSpeech, provided by van den Oord et al. [22].
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When experimenting with context widths, we found it
necessary to modify two ingredients of the training recipe.7

First, pre-chunking utterances into blocks of 128 frames meant
our longer context widths W would often be unrealized due
to block boundaries. Offsetting the first frame we compute
the loss for from the start of the block mitigates this issue,
but would expose longer windows to fewer training examples.
Instead, we removed chunking altogether, training on 12 entire
utterances per batch—the rough equivalent to 64 blocks.

Second, we found it necessary to disable layer (channel)
normalization in-between convolutional layers. The third row
of Table I lists the ABX-LS performance of our implemen-
tation of CPC-Small trained without layer normalization. For
reference, its mean phoneme-level error rate is 11.6%. As we
can see, layer normalization leads to much lower error rates,
agreeing with the findings of Rivière et al. [43]. Indeed, we
saw much the same in our experiments with context widths.
However, layer normalization would also cause networks to
plateau in validation loss for an indeterminate number of
epochs at the beginning of training. In an extreme example,
models being trained on the entire LibriSpeech corpus failed
to escape the plateau after weeks of training. As layer nor-
malization often led models to fail to finish training before
the 200-epoch budget, increasing the variance of our results,
we decided to disable it. We recommend re-enabling layer
normalization in a production environment.

B. Auxiliary Setups

After designing the main suite of experiments, we considered
the various decisions we had made which, if made differently,
could lead plausibly to different outcomes. Such confounding
variables fall into three broad classes: those involving the
model itself, the pre-training task, and the training regime.
Within each of these categories alone is an infeasible number
of variables to explore. Thus, we focused on variables which
we believed to be the most high-impact while remaining
otherwise close to the main setup. We enumerate and justify
our choices here.

We begin with the model variables. As modern ML tends to-
wards larger models—much larger, comparatively, than ours—
we decided to manipulate size first. As the attention layers
were already inflated to match the size of CPC-Small, we
decided instead to adjust the number of layers to increase
our model size. Stacking layers (with suitable point-wise non-
linearities in-between) can increase the expressivity [44] and
also the stability [45] of learned models. Stacking D layers,
each of width W , also increases the total context width con-
tributing to each representation vector to D(W−1)+1 frames.
Thus, layers provide an alternative, more expressive means of
introducing context to a network. The hyperparameters remain
the same as in Section IV-A, except the transformer layer in
gar is replaced with D ∈ {2, 4} such layers, fed one into
the other. The 2-layer network contains around 2.9 million

7This involved much trial-and-error. In these erroneous trials, however, we
saw no trends contradicting those we present here. The reader may check for
herself: our code-base stores the artifacts of nearly all of our experiments.

parameters whereas the 4-layer network contains around 4.5
million.

Second, we may manipulate the type of layer. While self-
attention is a popular choice, convolutional layers, as discussed
in Section II, still play an integral role in contemporary speech
processing. There is also a clear analogous role between
the window size W in causal, chunked self-attention and
a 1D convolution’s kernel width. The difficulty in ensuring
comparability comes from the number of parameters: in the
convolutional case, a filter contains H1 ×W ×H2 learnable
coefficients, proportional to the context width W . To account
for this complication, we ran two sets of experiments: one,
keeping the total number of parameters fixed while allowing
H2 to vary; and the other, keeping H2 fixed while allowing
the total number of parameters to grow with W . Model sizes
ranged between around 1.4 million parameters (W = 2) and
9.7 million parameters (W = 128). For the fixed-parameter
experiment, H2 = 256 when W = 8. Those models contained
around 2.4 million parameters.8

Models incorporating more context have traditionally
needed more time and data to converge. As such, we manip-
ulate the length and data available for training. In the former
case, we simply extended the duration of training until all
models reached a plateau in loss, which occurred within a
500-epoch budget. In the latter, we train models on the entire
960-hour LibriSpeech training set. Though models were able
to converge within 100 epochs, the nearly 10-fold increase in
training data drastically increased the wall time. As a result,
we trained on only two widths: W ∈ {8, 128}.

Finally, we consider manipulations to the pre-training ob-
jective. First, we consider modifying the CPC objective, which
is easily done through the number of prediction steps S. While
the value S = 12 was experimentally derived in van den
Oord et al. [22], it was done so for CPC-Small (a recurrent
model). Shain and Elsner [46] performed a similar evaluation,
predicting frames in both the backward and forward direction.
Their results showed a preference for S = 10 forward steps
in English phoneme classification, although the optimal value
varied by language, task, and architecture. In addition to the
S = 12 prediction steps from the main setup, we trained a
model for each W and each number of steps S ∈ {1, 3, 6, 24}.
We also experiment with an adjustment to the loss function,

LCPC-Last = L(S)
CPC, (7)

which predicts only the frame S steps away, rather than all
frames between 1 and S. Equation (7) is not only faster to
compute than Eq. (5): it also presents a clearer picture of how
great a look-ahead is necessary for strong performance on an
ABX task.

Second, we consider an alternative to the CPC objective:
BEST-RQ [47]. Much like HuBERT [4], BEST-RQ pre-
dicts masked labels from quantized representations of speech
frames. Formally, given a discrete code-book of code words
i ∈ (1, . . . ,H3) and some mapping of the audio x to the

8Despite the name, models in the fixed-parameter condition did vary by a
few thousand parameters total. This was due to the convolution’s bias vector,
which is proportional to H2.
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ground-truth sequence i∗ = (i∗1, . . . , i
∗
T2
), each vector in

a single prediction sequence v(1) minimizes the per-frame
categorical pseudo-probability of the sequence i∗:

Lcat = − 1

T

T∑

t=1

log
exp(v

(1)
t,i∗t

)
∑H3

i=1 exp(v
(1)
t,i )

. (8)

If i were to index tokens in a fixed vocabulary of, e.g., words,
Eq. (8) would be nearly identical to the BERT objective [1].
To make the task harder, sub-sequences of latent vectors z are
randomly chosen to be masked out (e.g. by setting zt to all
0 or Gaussian noise), forcing the model to infer the missing
parts of the signal. BEST-RQ was chosen over alternatives
for its simplicity: z is a filter-bank representation of x; H3

prototypical vectors z(i) are drawn per-coordinate from the
standard normal distribution N (0, 1); and the sequence i∗ is
derived from the indices of the nearest prototype vectors to
each (unmasked) zt:9

i∗t = argmin
i

∥∥∥zt − z(i)
∥∥∥ . (9)

To convert our CPC networks to BEST-RQ networks, we do
as follows. We replace the stack of convolutions in genc with
80-dimensional, log, Mel-scaled feature vectors; we set the
code-book size to H3 = 8192; and we mask S = 12 frames
of contiguous feature vectors with probability p = 0.01 per
frame. Besides the loss function and the size of the final feed-
forward output (H3), gar and genc have the same structure
as in Section IV-A.10 At around 0.8 million parameters, the
resulting BEST-RQ networks are around a third of the size
of the CPC networks. As such, the networks are not directly
comparable; results in Section V should not be construed as
empirical support for one method over the other.

C. ASR Task

The ABX-LS task is a probe task which attempts to measure
the intrinsic linguistic quality of pre-trained representations,
but is only one of many possible evaluations. Even for
downstream tasks which in principle rely only on phonemic
information, it may give an incomplete picture. In particular,
given that automatic speech recognition (ASR) typically ben-
efits greatly from models that incorporate extensive context
(both in end-to-end models and in extrinsic language models),
we might expect that ASR could benefit from pre-training
architectures that allow for the integration of larger amounts of
context than are necessary for mere phoneme discrimination.

Our ASR task is comparable to that of SUPERB [17].
Some pre-trained model generates context vectors c from each
audio sequence x in LibriSpeech’s train-clean-100 partition.
Those context vectors are treated as feature vectors in an
otherwise vanilla supervised ASR task. We picked the model

9zt are first normalized to have unit norm.
10These systems which learn by masking often allow the self-attention

layers in genc full access to the sequence, besides the masked parts. That
is, unlike CPC, their self-attention layers need not be causal. We ultimately
decided to stick with causal predictor networks: a) to avoid changing more
variables than necessary to evaluate the BEST-RQ loss; and b) because we
saw no obvious reason why an unconstrained self-attention layer would benefit
one context width over another.

with the lowest ABX-LS error rate under the default setup
to represent each context width. We optimize a 2-layer, bi-
directional, LSTM stack with 1024 hidden units per direction
on a connectionist temporal classification (CTC) loss function
[48]. We use a sub-word vocabulary of size 2000 generated
by applying byte-pair encoding to the LibriSpeech language
model (LM) training data. We stack 3 context vectors together
as input to the LSTM at each step, decreasing the combina-
torial complexity of the CTC marginalization procedure and
therefore speeding up training. To improve model robustness,
dropout was applied to hidden states while SpecAugment [49]
was applied to the input context vectors. The model was
trained until greedy decoding failed to produce a 0.1% drop in
sub-word error rate for 10 epochs. Decoding was performed
with the Pyctcdecode [50] Python package, which modifies
the standard CTC prefix search [48] to incorporate word-level
LMs. We report two sets of results: one set with a 4-gram
LM trained with KenLM [51] on LibriSpeech LM training
data, and one set without any LM. LM mixing coefficients
and transcript length penalties were tuned to each model’s
performance on the dev-clean partition; the beam width was
fixed to 32.

V. RESULTS

We begin with the results of the main setup described in Sec-
tion IV-A. First, however, we address whether it is reasonable
to aggregate our phoneme-level ABX-LS scores by looking
for interaction effects across the various rate conditions (see
Section III-B). Figure 1 plots the mean and standard error
of error rates by width, speaker condition, partition, and
phonemic context. While all factors have a considerable impact
on reported scores, none of the factors appear to interact with
context width. Thus, taking the mean across ABX-LS error
rates is justified when looking for the main effect of context
width.

The first row of Table II—denoted main—lists mean ABX-
LS error rates across the various context widths. Among those
N = 5 models, the best (i.e. lowest average error rate) is
reported in the next row, main (best). The remaining rows
correspond to the auxiliary setups from Section IV-B which
we will discuss after considering the main results. The main
rows suggests an optimal performance at W = 4, comparable
performances for 2 ≤ W ≤ 32, and a marked decrease in
performance as W grows to 64 frames.

We note that the average performance of even our best
model (12.6%) is considerably worse than our implementation
of CPC-Small (9.6%), though, without the layer normalization,
the results were much closer (11.6%). These results are
promising, given that we tuned neither the architecture nor
training regime to the experimental models.

Experimental statistics were computed with the Python
package Pingouin [52] on the average error rate of the N = 25
models. A one-way analysis of variance (ANOVA) on the N =
25 runs showed a significant effect of the choice of context
width on ABX-LS error rates, F (6, 28) = 6.026, p < 0.001.11

11Tests of non-normality and heteroscedasticity did not reach significance.
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Fig. 1. Comparing phoneme-level ABX-LS error rates across the various context widths W and varieties of measure. Error bars are ±1 SE. N = 5 models
were trained per width.

TABLE II
COMPARING ABX-LS ERROR RATES (%) ACROSS A VARIOUS MODEL CONFIGURATIONS vs. CONTEXT WINDOW LENGTHS (W ). ERROR RATES ARE

AVERAGED ACROSS ALL PHONEME-LEVEL MEASURES. FOR main (THE MAIN RESULTS), N = 5 RUNS WERE AVERAGED. OTHERWISE, N = 1.

2 4 8 16 32 64 128

main 15.6 14.2 15.1 15.3 14.8 16.9 17.7
main (best) 15.3 12.6 13.3 13.8 13.6 16.2 15.9

2-layer 13.7 15.5 15.8 12.6 13.6 16.8 13.0
4-layer 13.8 13.0 14.1 15.8 15.8 16.8 17.1

conv (fixed param) 17.0 14.6 16.8 17.0 19.0 19.4 20.7
conv (fixed H2) 15.0 14.6 16.9 14.2 50.0 22.3 43.7

long train 13.4 13.0 14.0 14.4 14.3 14.7 15.0
960h − − 17.2 − − − 18.5

last at S = 6 14.0 13.9 13.1 15.4 13.3 14.9 16.0
BEST-RQ 27.6 24.1 24.5 26.6 26.1 28.0 25.2

Wilcoxon signed-rank tests between all pairs of context
widths were employed as a post-hoc means of probing the
source of the significant effect. The only comparisons to reach
p < 0.05 were those between a shorter window W ≤ 32
and a longer window W ≥ 64. Adducing our findings from
Table II, we infer that there is a large, reliable schism in
the performance of the systems with context widths lying
somewhere between 32 and 64 frames, or 0.34-0.66 seconds,
with performance favouring the shorter widths. Among the
shorter widths (and longer widths), differences in performance
are small and variable enough so as not to be reliable. As
there is considerable variance in the duration of phonemes
in the corpus, there is likely no perfect setting. Nonetheless,
windows at or about 64 frames appear to have an order too
much context. We also find a numerical trend suggesting “too
little” context, with higher error rates at W = 2.

We now turn to the results of the auxiliary experiments
from Section IV-B, whose mean error rates are listed in the
remaining rows of Table II. Note that, unlike in the main setup,
only one model was trained per cell. Model variants are listed
as rows 2-layer, 4-layer, conv (fixed param), and conv (fixed
H2). conv (fixed param) is the convolutional variant where
the total number of parameters is kept nearly fixed while fixed
H2 keeps the channels fixed. Long train lists results for the
increased, 500-epoch training budget on LibriSpeech’s train-

clean-100 partition whereas 960h refers to the results on its
full training set. last at S = 6 lists the results of models trained
using Eq. (7), looking ahead S = 6 frames.

Auxiliary results continue to support our hypothesis, albeit
with much greater variance due to the lack of repeated
measures. It is worth noting that W = 128 performs admirably
in the 2-layer and BEST-RQ rows. We attribute this to luck:
W = 128 showed the greatest variance in our experiments,
which is particularly noticeable in Fig. 1. The multi-layer
results suggest that stacking layers could be employed to
increase total context width12 while retaining decent results,
though the best-performing models still have total widths less
than 64 frames. Overall, the best-performing system always
has a width within W ∈ {4, 8, 16}, showing a continued
preference for widths which are neither too short nor long.

Though we experimented with all steps S ∈ {1, 3, 6, 12, 24}
using both Eqs. (5) and (7), only the results for Eq. (5) on
S = 12 (i.e. main) and Eq. (7) are reported in Table II.
As Table III illustrates, these were the best-performing con-

12Recall: D(W − 1) + 1.
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TABLE III
COMPARING ABX-LS ERROR RATES (%) ACROSS CPC LOSS FLAVOURS

vs. NUMBER OF PREDICTION STEPS S . avg: AVERAGING OVER PREDICTION
STEPS UP TO S , EQ. (5); last: ONLY THE LAST STEP S , EQ. (7).

1 3 6 12 24

avg 43.8 26.1 16.6 15.7 20.6
last 43.8 17.5 14.4 16.0 31.6

figurations overall.13 We can see that removing averaging
drops the optimal choice of S by half, and leads to a much
steeper increase in error rates as S increases. Interestingly, the
modified CPC objective compares favourably to the original.
Given its fewer parameters and cheaper run time, Eq. (7) is a
promising alternative to vanilla CPC.

We now determine whether our results extend to ASR.
Table IV lists word error rates (WERs) of the models, fac-
tored by context widths, partitions, and whether the LM was
included in decoding. The pre-trained front-ends correspond to
the models from the main (best) row from Table II. In addition,
we trained an additional ASR system on the representations
from our implementation of the layer-normalized CPC-Small
(discussed in Section IV-A). The overall scores outperform
SUPERB’s CPC baseline (20.2% on test-clean), which is
slightly smaller than ours (by around 500MB) but trained
on Libri-Light. While much larger models (e.g., data2vec
[6]) obtain substantially better scores, the performance is in
line with the scope of our experiments, which was limited
to variants of CPC. Considering the main manipulation, the
results continue to favour shorter windows: W = 4 beats out
even CPC-Small (without an external LM) while W = 64
in particular falls behind. Mixing an external LM into the
decoding process led to considerably reduced WERs across the
board, though CPC-Small overtook W = 4 in performance.
All models performed much better on the clean evaluation
data than on other. Overall, the ranking of models in terms of
ABX performance seem to roughly correspond to their ASR
performance.

VI. DISCUSSION

Increased context size is not always beneficial to downstream
performance. We saw strong support for the hypothesis that too
much context is detrimental. The two models with the longest
context widths (W = 64 and W = 120; approximately 640ms
and 1.3s, respectively) were routinely outperformed by shorter
windows, chiefly within the order of a single phoneme (i.e.
tenths of seconds). The evidence suggests, therefore, that “too
much” context for phoneme discrimination sits somewhere
slightly over the duration of a phoneme. This makes intuitive
sense, given the nature of the task.

Our preliminary findings also suggest the ASR downstream
task also shows a preference for short windows in pre-training.
This might be surprising. ASR, considering the whole pipeline,

13S × W results are presented in the supplementary materials. We saw
no obvious interaction effects. The best results for W ≥ 64 match the best
configurations overall, except the combination (W,S) = (128, 6) on Eq. (5).
It managed to achieve an average error rate of 17.3% versus the 17.7% from
Table II. The rankings, however, remain the same.

demonstrably benefits from more context. There are several
possible reasons that increasing the context in the pre-training
model might not be helpful. First, in this case, the downstream
model is very bulky (around 44 million parameters). Because
the downstream model can perform significant pattern recog-
nition on its own, it may be more important for the upstream
model to retain a high-fidelity representation of the input than
to perform extensive pre-processing. This result is reminiscent
of the classic work of Mohamed et al. [53], who found
that neural speech recognizers trained on spectral features
performed better than those trained on cepstral features, the
latter involving strictly more pre-processing than the former.
Second, our pre-training predicts relatively short windows in
the future (up to 240 ms, and here we concentrated on 120 ms).
Longer-term context can be useful for resolving ambiguities
at the level of whole words or phrases, but windows of this
shorter size are not likely to contain information that the more
immediate context does not better predict. Finally, perhaps
phoneme-sized representations are sufficient context for an
ASR encoder or pre-trained acoustic model. If a downstream
model can perform predictions based on context, it may be
the job of the speech representation merely to faithfully model
phonemes.

While our results show a clear preference for speech rep-
resentations derived from input at roughly the duration of the
phoneme, we hesitate to prescribe constraining context in up-
stream models more generally. There are tasks, such as speaker
identification or speech translation, which clearly require more
context to achieve.14 Moreover, as illustrated by the consistent
gaps in performance across ABX-LS conditions in Fig. 1, a
short window does not guarantee a stable representation across
phonemic contexts nor speakers. Thus, even if our results
suggest a preference for shorter widths on these tasks using
these objectives, we may still do better on other tasks or using
other objectives.

It is not obvious how existing predictive pre-training objec-
tives are any more capable of learning a “universal viewpoint”
[36] than CPC or BEST-RQ. Our recommendation, then, is to
side-step the problem by learning a heterogeneous represen-
tation over multiple viewpoints, allowing downstream models
to pick and choose the parts they need. As a starting point,
we may train a number of fixed-context upstream models at
different widths W and step sizes S, and merely concatenate
their frame-wise representations. Such an approach could
integrate the power and flexibility of self-supervised learning
with the classic intuitions and formalism of multi-resolution
analysis [54]. Naturally, we leave any such innovations to
future work.

VII. CONCLUSIONS

While “more is better” has been an effective mantra in
the realm of supervised learning, it does not transfer so
well to self-supervised learning, as existing, predictive, pre-
training tasks do not map perfectly to downstream goals. We
demonstrated that the amount of input with which speech

14Assuming the downstream model is not powerful enough to do the work
itself.
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TABLE IV
WERS (%) OF DOWNSTREAM ASR MODELS FED FEATURES FROM UPSTREAM CPC MODELS FROM THE main (best) CONFIGURATION. CPC-SMALL FROM

SECTION IV-A IS INCLUDED FOR COMPARISON.

without LM with LM
dev-clean dev-other test-clean test-other dev-clean dev-other test-clean test-other

CPC-Small 26.6 50.3 25.5 54.1 14.7 36.4 14.1 40.7

W = 2 30.3 51.5 28.9 55.6 19.1 39.4 18.0 43.9
W = 4 26.5 48.0 25.1 51.8 16.5 36.6 15.4 41.0
W = 8 29.8 51.1 27.7 54.7 17.0 37.3 16.1 40.9

W = 16 30.9 51.4 29.1 55.2 19.4 39.9 17.9 43.9
W = 32 30.8 52.1 29.3 55.8 18.1 38.4 17.1 42.6
W = 64 34.3 54.8 33.2 58.7 22.7 42.9 21.3 48.5

W = 128 31.9 52.0 30.7 55.5 19.9 39.6 18.9 44.2

representations are computed can have a significant effect
downstream performance. Post-hoc testing was consistent with
the hypothesis that there is such a thing as “too much input,”
with shorter windows preferred over longer ones. That trend
was robust to a number of training and architectural variations,
including training length, the number of model layers, the type
of layer, modifications to the CPC pre-training objective, an
entirely new objective, and to the amount of training data.
Furthemore, they generalized from phoneme discrimination to
the more complex ASR task. These results highlight the need
pre-training objectives to better align with the needs of their
downstream tasks.
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Fig. 1. Comparing validation loss over epochs across context widths W from
our main training regime, 200 epochs. Error bars are ±1 SE over N = 5
trained models per width.
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Fig. 2. Comparing validation loss over epochs across context widths W in
the long train setup. A single model per width was trained, 500 epochs each.

APPENDIX

Pre-training versus downstream metrics. We briefly explore
the agreement between ABX-LS error rates and their corre-
sponding upstream models’ validation losses.

Figure 1 shows the average CPC validation loss per epoch
across all the context widths from our main experimental
setup.1 Though the exact order of winners sometimes differ,
The validation score and ABX-LS error rate agree in trend:
W = 4 is the lowest in both, W ≥ 64 are highest in both, and
the remainder are in-between. In conjunction with our findings
from our Wilcoxon signed-rank tests, we may conclude that
the loss and error rate are in broad agreement.

That agreement falters as soon as more data are added
or the duration of pre-training increases. Figures 2 and 3
illustrate the curves for the long train and 960h conditions,
respectively.2 The validation loss predicts better performance

1For reference, the average minimal validation losses in ascending order of
context width are: 2.010, 1.958, 2.008, 2.010, 2.013, 2.052, and 2.043.

2The minima for the long train condition are, by ascending width: 1.866,
1.860, 1.884, 1.840, 1.793, 1.823, and 1.804; for the 960h condition they
are: 1.798 and 1.747.
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Fig. 3. Comparing validation loss over epochs across two context
widths, W ∈ {8, 128}, in the 960h setup. One model was trained
per width, 100 epochs each.
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Fig. 4. Comparing validation loss over epochs across context widths W in
the BEST-RQ setup. A single model per width was trained, 200 epochs each.

from the models with longer context widths, though this is
clearly not the case.

The BEST-RQ results are similarly unhelpful: the model
with the lowest loss has the second-highest error rate while
the model with the lowest error rate has the second-highest
validation loss.3

Overall, it appears as though there is not a strong agreement
between pre-training loss and downstream performance. This
could be due to a mismatch in the information each task
finds important, the fact that an indeterminate amount of
processing done by the predictor network is lopped off before
being fed into the downstream task, or a combination of
thereof. Regardless, it is clear that the pre-training loss is not
a sufficient predictor of downstream performance.
Interaction effects between S and W . Our experiments ex-
plored the possibility of an interaction between the number
of steps ahead predicted by the CPC objective, S, and the
context width of the representations, W . Figure 5 breaks down

3Minima at 0.045, 0.072, 0.074, 0.050, 0.055, 0.059, 0.0622.
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Fig. 5. Comparing average ABX-LS performance of models of various context widths W and prediction steps S. Left: the classic CPC objective, with
predictions over steps 1 to S. Right: CPC, but only predicting the last step S. Row S = 12 on the left corresponds to the main condition, averaged over
N = 5 models each. All other cells are just N = 1 model each.

the ABX-LS error rates by width, number of steps ahead, and
whether the steps in between were predicted or not. A 50%
error rate means the model failed to converge. In the averaged
case, per-width minima cluster between 6 ≤ S ≤ 24 steps.
In the last-only case, those minima sit between 6 ≤ S ≤ 12.
Either way, there are no clear diagonal trends, suggesting first-
order interactions between S and W are minimally impactful.


