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1. Introduction

This document outlines the detailed design of the StreamLang language audio streaming
application. A summary of the application purpose, design goals, and the specific terminology
related to StreamlLang is given first. This summary is followed by a survey of the (inferred)
software architecture of the competitors in the same domain trying to address the same
problem. Then comes an overview of the software architecture proposed by StreamlLang, the
persistent data management and access control strategies adopted in our solution. Then, the
detailed design of each and every subsystem is laid out, at a lower-level than previous design
documents, with the help of UML diagrams and now with specific code snippets. In the next
section, specific scenarios are given for software test engineers to manually verify that the
software meets the requirements, and performs robustly. Finally, the social and ethical
considerations in our design is described and a picture of how our teamwork played out is given.

1.1 Purpose of the System

The purpose of StreamlLang is to support language learners in their grammar and
vocabulary studies through the auditory medium. StreamLang does not aim to be the sole
platform that a language learner develops their skills; rather, StreamLang aims to reinforce
language concepts studied separately by increasing the exposure to those concepts via
comprehensible input.

Studies show that comprehensible input helps with second language acquisition [1]. With
StreamLang, users will be able to specify a listening stream configuration which will result in an
optimally challenging comprehensible input. This way, StreamLang will enable users to most
efficiently utilize the otherwise idle time they spend commuting or cooking. The intended effect is
to act as a catalyst for acquisition.

1.2 Design Goals

In this section, we will discuss the high-level objectives and principles we follow while
working on StreamLang, together with the implementation decisions we took to ensure we reach
such objectives.

1.2.1 Usability

StreamLang, as a learning tool, should be easy to use. Users from all age groups and
technology knowledge levels should be able to configure their streams and start listening
without assistance. Thus, usability is one of our main concerns, and we are following different
principles to ensure this. We are caching session tokens on the user’s device to make logging
into the app easier. We are prioritizing simplicity and accessibility in the user interface. We are
trying to keep configuration options easy to learn while making sure users, when required, are
able to configure the streams just like they want.



1.2.2 Performance

As we are working on a mobile app, users expect high interactivity with smooth visuals
and no delay. This means the mobile app should not show any stutters, should not crash, and
waiting times should be minimal. For this purpose, all of the performance-heavy operations (i.e.,
keyword generation for vocabulary sets, text-to-speech, etc.) are completed on the server,
providing fast response times and better error handling.

Furthermore, the server should also be responsive. Constantly/routinely operating
modules should not meaningfully impact the operating speed of other modules. In this regard,
the heavy burden is that some user requests may require content to be generated using Al
models. Any request that does not generate content should respond to user requests within one
second (excluding client-side network delays). Any content-generating request shall respond to
the user within one second after the Al's work is done. We are following best practices and
optimizations to achieve this. Additionally, our server architecture is fairly scalable, and if ever
needed, we may make use of multiple endpoints running together via load balancers.

Also, to remove stutters from the streamed audio, we are designing the streaming
system so that the audio streamed to the device is downloaded faster than it's played, and all
downloaded audio shall be fully cached for one playback session to facilitate scrubbing.

1.2.3 Reliability

For the same reason as performance, we also consider reliability as an important goal.
Here, the actions we take to improve performance also contribute to the reliability by moving
error-prone functionalities out of user devices, improving error detection, and increasing service
uptime. As a result, assuming continuous third-party service availability, the servers should have
at least 95% uptime and work without disturbance when not in maintenance. We are also
planning to set up monitoring and notification systems for each subsystem to be able to take
early actions. Furthermore, as each subsystem of StreamLang works completely independently
of the other, we plan to guarantee that a crash/downtime in one of the subsystems (except for
the core backend system, which links the frontend with other subsystems) would not cause the
app to be unusable.

In addition to guaranteed uptimes, all data will be periodically backed up to ensure no
data loss happens in case of a failure. For increased reliability, the data will always be in a valid
state. In this regard, we will be taking extra precautions for issues like race conditions to not
corrupt the data, and using PostgreSQL’s capabilities to set up in-place condition checks so
invalid operations can be denied and the database can be rolled back to the previous valid state
instantly.

1.2.4 Security

As StreamlLang stores no personal data, security and privacy are not one of our main
concerns. Still, we are following best practices of all forms to ensure user data is kept safe and



private. For this, we are using industry-standard JWT tokens for request/response verifications.
We are hashing passwords using Bcrypt.

We are also setting up the firewall configurations of our databases and servers carefully,
while making use of Cross-Origin Resource Sharing to protect our subsystems against any
adversary. Lastly, we are using HTTPS for client - backend communication.

1.2.5 Scalability

We believe that StreamlLang provides a solution to a problem the majority have, and we
are preparing to launch the app publicly on mobile app stores. Thus, we are prioritizing
scalability. The mobile client is a frontend-only application programmed in Flutter, so it requires
no scaling as the user base grows.

However, our subsystems, especially the generative Al systems, require scaling as they
have a high workload. For this reason, the backend is separated into multiple modules to
facilitate horizontal scaling. Any module that is directly facing the user and is running strictly
locally on our own servers has the ability to run in multiple instances and can be scaled infinitely.
That is, we already take precautions against concurrency race conditions and are doing
research on load-balancing structures. Modules using third-party services will be scaled
horizontally so long as the service provides such an option. With this architecture, we believe
that we should be able to adequately scale our application as user numbers change.

1.2.6 Maintainability

As StreamlLang requires high uptime, easy maintainability that allows us to apply
updates and fixes without disrupting the service is an important goal of ours. For this reason,
StreamlLang’s server’s modular architecture design allows for easy maintenance. When
modules in need of maintenance can function independently of each other, application
functionality that is isolated from any affected modules may keep running unaffected, while any
fixes/rollbacks are carried out on problematic modules. In the case of horizontally scalable
modules, when a module instance has an outage/must be taken down, another instance may
take its place to serve users until the instance is back up. Server operations shall be logged to
make bug-fixing easier. Client maintenance is a non-issue since the entire application is already
built and on the device of a user. Any updates shall be delivered through the device’s application
store.

1.2.7 Flexibility

Right now, we are only working with German. However, we are aware that for
StreamLang to achieve its main goal, we must provide a streaming service for multiple
languages concurrently. Thus, we need to achieve flexibility in the sense that adding new
languages should not require core functionality updates. For this reason, we are making sure
that we hold vocabulary and grammar themes as enumerated variables, and our scraping,
generative Al, and streaming modules support the languages we are interested in providing in
the near future.



1.3 Definitions, Acronyms, and Abbreviations

Spaced Repetition Algorithm (SRS): An algorithm that schedules review and learning of
information at gradually increasing intervals to optimize long-term memory retention.

Configuration: The word “configuration” in this report may refer to a listening stream
configuration; an object which defines what kind of listening stream that the user wants to hear
(e.g. vocabulary, grammar structures, narrator voice).

Content Type: Refers to the three content types: sentence, article, or story.

Lemma: Dictionary, canonical, or base form of a word.



2. Current Software Architecture

Currently, we have identified three major competitors to our proposed application. These
are Taalhammer, Lenguia, and Beelinguapp. First of these, Taalhammer, utilizes a hybrid cross
platform approach, being available for Android, iOS, and web [2]. The primary frontend
framework of Taalhammer is Angular, and the Angular codebase is wrapped using lonic
Framework and Capacitor to maintain a single codebase and compile to native Android and iOS
applications [3]. For the backend, Taalhammer uses Python, similar to our application [4].
Because Taalhammer also heavily utilizes machine learning tasks, Python for backend is an
optimal solution for both our app and theirs. Their backend consists of a high number of
sentence pairs for different languages, in addition to complex state management to track the
language level of each user. The Atom algorithm Taalhammer uses is their proprietary SRS
method [5]. Their Al module specializes in generating context-based sentences rather than
serving singular words, and their TTS engine generates the sound for the content, similar to
ours.

Our second competitor is Lenguia, which is available only on the web and uses Next.js
as the main frontend framework and Supabase as the backend [6]. Lenguia utilizes LLM APIs
for personalized story generation and text simplification [7]. They also feature a custom SRS
algorithm that tracks user comprehension at word level [8].

Our third competitor is Beelinguapp, which is available on Android and iOS, and is
developed natively for both platforms [9]. Beelinguapp works on synchronizing audio with dual
language text, used in its “Karaoke Reading” and “Side by Side Reading” functionality.
Beelinguapp also utilizes space repetition methods to track user progress and retention.



3. Proposed Software Architecture

3.1 Overview and Subsystem Decomposition

For scaling and maintainability purposes, the backend of the project was divided into
modules. Each module is only responsible for a specific job and their functionalities are
implemented barring other modules, and only interact with each other if it is part of the
application’s flow (e.g. the core backend module may communicate with the streaming module
to start a stream) . While any one member may push code changes to any part of the project,
every member mostly works on their respective modules and are responsible for implementing
the majority of required functionalities.

Another detail of the backend modules is that they are containerized. Each module is its
own Docker [10] container, and the containers are managed as a whole using Docker Compose
[11]. Each module takes important information, such as internal keys, module configuration,
required endpoints etc. from environment variables. Thanks to this we have great flexibility in
deploying the backend. This also constitutes horizontal scaling of modules that may want to
provide support in the future.

The backend is divided into four modules:

e The Core Backend Module: The coordinator of StreamLang’s backend. Responsible for
managing user authentication, interaction and data. When necessary, will invoke other
modules using internal routes.

e The GenAl Module: Our content, translation and narration generation facility. When no
new content is available satisfying a set of requirements, will generate and validate new
content using generative Al. Content will be translated by this module. Also responsible
for generating audio narration for all content and their translations.

e The Content Categorization Module: Processes generated or scraped text content.
Populates our database with the internal representations of content required by the other
modules.

e The Streaming Module: The module responsible for streaming audio to users. Interacts
with S3 Object Storage to pull audio files and streams it to users using RTSP over HTTP.
Finally, the frontend is a mobile application developed in Flutter. The API of the server is

documented as much as possible before functionality is implemented to reduce friction between
frontend and backend development.

3.2 Persistent Data Management

There is a massive amount of data needed for the operations of StreamlLang under two
categories: text of the contents that will be served to the users, and the audio files. We have
opted to use PostgreSQL with the pgsearch extension for storing content text, under
considerations of compatibility with our backend infrastructure. The pg_search extension
implements the BM25 algorithm which is used by modern search engines and brings a full-text
search query that takes 22,214 ms on native PostgreSQL down to 770 ms [12]. Using this



extension also allows us to avoid using two different databases for application information and
content storage, dramatically reducing complexity and management burden. Very little cost in
terms of implementation overhead and more than satisfactory performance makes this the
obvious choice.

The second dimension of massive data that StreamLang needs to manage is the audio
files that are the narrations of the content / generated or previously scraped. There are three
considerations here that are critical:

- Handling high and unexpected data volume: As we give any user the ability to create
their own listening streams, the corresponding audio files will scale linearly with the
number of users. Given that audio files are much more data-intensive than text, and that
spikes in user count will lead to the generation of more audio, the storage space should
be very high.

- Handling high egress traffic: While many users will be served recycled content based
on their listening stream configuration and therefore the ingress traffic is expected to
diminish over time, the egress traffic will scale linearly with active user count.

- Affordability: While satisfying all of the above constraints, the solution should not be
prohibitively expensive to be outside the reach of five undergraduate students.

In order to satisfy all of these constraints, we opted to use Cloudflare R2 [13] distributed
object storage. The most significant attractor for this decision was the pay-as-you-go model that
will work well with a low user count application, since renting and managing a file service
infrastructure ourselves has a high upfront cost and no guaranteed return. Using a cloud service
like S3 also provides flexibility to handle traffic spikes and presents virtually no limits on the
egress traffic and data volume that can be handled.

3.3 Access Control and Security

StreamLang holds user accounts to be able to provide customized listening experiences
(i.e., persistent streaming configurations and progress saving). For this reason, each user
account carries a unique UUID identifier. Accounts may be created using email and password
pairs, and emails are unique to accounts. Given passwords are hashed via Bcrypt, and only
hashes are stored in the DB. Account logins also require email and password. After initial login,
account verifications in transactions are done via JWT tokens. To achieve this, after the login
operation, the core backend creates a unique token for an account, which has a set lifetime, and
allows access to login-requiring routes (i.e., any route except register or login). Those tokens
are stored by the mobile client.

Both our PostgreSQL DB and S3 Audio Object Storage unit implement a firewall to the
extent that only our submodules are able to access them. Passwords and private keys to those
storage services and to our cloud computing instances are always kept private. All transactions
are encrypted and sent through HTTPS.

Those measures ensure that all user information is always kept private and secure, and
that our service is protected against adversaries (as long as the third-party providers we work
with keep their promises).



4. Subsystem Services

4.2.1 Core Backend

4.2.1.1 SRS Mechanism

The SRS algorithm is our method of choice for scheduling reviews for any given user.
The algorithm, on a surface level, works by taking a graded user review, and calculating an
interval until the next review based on some pretrained and/or user trained weights with
precisely defined terms and heuristics.

Specifically, the algorithm works on three variables that are stored as a representation of
the user’s memory regarding any given study material:

e Retrievability (R): Probability that the learner can recall specific information at a specific
time.
e Stability (S): Time required for R to decrease from 100% to 90% in days.
e Difficulty: Complexity of a given information.
Any time a user listens to a stream, i.e. “reviews” that stream, all three values are recalculated
based on their grading. The next review’s due date is finally calculated based on these three
variables.

Our application uses FSRS6, a variant of FSRS that operates on 21 weights [14]. For
our applications, we picked pretrained weights [15]. Normally, in an optimal scenario, the
weights would constantly be trained taking into account the user’s review history, but for the
purposes of our application, we decided to not train the variables. This should still yield decent
results, since it is reportedly still better than Anki’s default scheduling algorithm [], which is a
very popular review application.

Another choice we made is to use a predetermined rating for every user review, as we
currently do not plan to provide a mechanism for a user to grade any certain stream. Our
application intends to provide a more passive learning experience, and as will be discussed
later, requiring the user to rate every tracked content would be too cumbersome for users.
Rating is a 4 value system:

e Again: 1
e Hard: 2
e Good: 3
e Easy: 4

In FSRS6, “Again” is the only failing grade, with “Hard” being the value that increases stability
the least. We chose to use a “Hard” grading as the default review grade.
The specific equations used for the algorithm [14] are as follows:
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Fig. 3. Initial difficulty calculation [14]
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Fig. 4. Next difficulty calculation based on grade [14]
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Fig. 5. Dampened Next difficulty calculation [14]
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Fig. 6. Final Next difficulty calculation [14]
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Fig. 7. Retrievability calculation [14]

The algorithm also includes a short term stability value calculation, but we do not use it in our
program.

For each user, the tracking is done per “item” per stream. Item in this case means a
vocabulary -a collection of words- or a grammar point, which represents a particular grammar
construct. This is because a user may partially listen to a stream, and scheduling reviews only
taking into account the parts of a stream a user listened to will prevent a user from skipping
reviews for a particular item they want to learn.



4.2.1.2 Content Selection

In order to describe how the Content Selection mechanism of the Core Backend has
shaped up through our development, this section will utilize detailed UML diagrams to give a
deep sense of the code-flow. Unlike with previous reports, low-level details about individual
function calls will be given. The main purpose of the Content Selection mechanism is, given the
listening stream configuration of a user, selecting the appropriate contents to be streamed. The
content id’s, if found, are sent to the Streaming Module which is the module that establishes a
connection with the client (described under its own section). The general design goals of the
Content Selection mechanism is outlined in previous reports; here, the focus is more on the
details.

The following sequence diagram gives a focused tracing of the control flow of the
/stream/start endpoint, which the client calls to get a stream ID that can be plugged in to a URL
already known by the client to start streaming.

The sequence diagram, due to the amount of detail, is massive, and is therefore divided
into four parts to better fit inside the document. Each part will be shortly explained before the
next part is presented.

For more comfortable, high-resolution viewing of the sequence diagram, we recommend
downloading it from this link.

Content Selection - /stream/start Endpoint

Flask stream.py T’w SRS Module
/stream/start helper functions PostgresqL | (Ss-utils)

A e ||

Chient ‘Audinstreamservice Streaming Module | | GenAl Service

GET /stream/start?config_id=<uuid>
Bearer <JWT>)

Tconfig i missing or nvalid format]
400 Bad Request

= e e |
Step 1: Fetch Config

get_stream_config(config_id)
— s >

SELECT * FROM listening_stream_configs
WHERE id = id

ListeningStreamConfig

config

Tconfig not found]
404 Not Found

SELECT *FROM
WHERE user

Tuser does not own config AND config.is_public is Falsel
404 Not Found

get_config_grammar_points(config_id)
—J=com0 g mmel pomson s

SELECT grammar_point_id FROM stream_grammar_inclusions
WHERE config_id = :config_id

{Step 3: Load Grammar Points & y from Config |

grammar_point_ids[]

< grammar_point_ids{]
get_config_vocab(config_id)

SELECT vocal

config_vocab_ids[]

o o res |
Step 4: Derive Content Language

SELECT language FROM grammar_points
WHERE id = grammar_point_ids[0]

content_lang

Fig. 8. First part of the Content Selection Sequence Diagram

12


https://drive.google.com/file/d/1Jh1e6ruxfHKVv6aL5s3-aJMww6yzKh2o/view?usp=sharing

First, the user is authenticated via a python decorator function “@token_required”. The
use of a decorator function for authentication exhibits a principled coding approach where the
same functionality is concentrated in a single point and repetition is avoided. Then the
configuration is fetched from the database. Here, in order to prevent users from accessing
listening stream configurations which are not theirs and also not public, the database table
“user_stream_configs” is consulted. In the case of an unauthorized access attempt, the 401
Unauthorized response is not sent; instead, 404 Not Found response is sent. This design aims
to prevent leaking information about the existence of a listening stream configuration with a
given id. After access permission is verified, the grammar points, vocabulary and the language
of the config is collected from relevant database tables.

Resets stale flag in case
the GenAl process died

mid-generation.

Fig. 9. Second part of the Content Selection Sequence Diagram

The SRS functionality is called upon to get the vocabulary due for exposure according to
the user’s schedule (explained in more detail under Section 4.2.1.1 SRS Mechanism).

After that, there is an important robustness feature that is a sign of conscious,
well-thought out design. Every listening stream configuration has a flag “genai_is_creating” and
“genai_creating_since”. We will see, in further steps, if the genai_is_creating flag is true, the
Core Backend does not trigger GenAl module’s content generation mechanism even if no
suitable content is found - the assumption is that GenAl is already creating, and we do not want
to queue the same job again. But what if something went wrong during generation in the GenAl
module, like a crash? The flag would be stuck in true, and the user could never access the
content they want. That's why a staleness check of the genai_is_creating flag in the Core
Backend resets this flag every GENAI_STALE _THRESHOLD_MINUTES minutes, to prevent
such a disaster.
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o e |

Query 1: Grammar Filtering

SELECT * FROM contents
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listen record or None
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| return (content.id, False)

alt

(6 Sultable content
1 return (None, needs_generation=True)
<

WHERE id

alt__J [content id is not None]

SELECT narration_length FROM contents
tent_id

narration length

| total_duration += marration_length
apper tent_id to selected list

(selected_ids, insufficient=True) |

(content_ids{], insufficient_content) |

<

Fig. 10. Third part of the Content Selection sequence diagram

The third part of the content selection sequence diagram describes the most important
functionality. A loop selects content IDs from the database until the total content length reaches
900 seconds. This means that a total narration length of 15 minutes of content is scheduled at a
time. Then, the priority is to find the suitable content from the content database first and, only if
this is not successful, trigger Al generation. A query is run on the content database that filters
the content according to the grammar points desired. Every content must have the grammar
structures that the listening stream configuration designates; this is non-negotiable. However,
the vocabulary selection is a little more lenient. First, a call to the SRS system is made to
retrieve for which vocabulary in this config the time for exposure has come. Then, whichever
content has the highest percentage of the desired vocabulary (with a lower limit of 18%) is
served first. The constraints for whether the user listened to the content before or not is taken
into the equation as well; the details can be traced on the sequence diagram. If a user has
listened to a content five times already, the system counts that content as non-existent for that
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user. Since we trigger GenAl content generation if we cannot fill a 15 minute listening stream,
there is an implicit constraint that the content has not been listened to in the past 15 minutes as
well.

The explanation “if no desired vocab exists, skip vocab scoring entirely” on the sequence
diagram refers to the fact that when there is no vocabulary scheduled for exposure at that time
for the user, it is better for the scheduler to ignore that constraint - since FSRS relies on
exposure right before someone is about to forget, and premature exposures may undermine
long-term retention.

[step 8: Response & GenAl Trioger |

{ Step 8: Response & GenAl Trigger

alt Tcontent_ids is NOT em pty]

Tinsufficient_contant AND NOT genal_is_creating]

create_stream(content_id_strings)

POST finternal/create-stream
{content_ids: [...]}
o fconfentids LD}

... {stream id: <uuid>}

count: N,
stream_id: <uuid>
)

[content ids is EMPTV]

alt [NOT genai_is_creating]
ccccc

POST /c
{config_id
(fire-and-

202 Accepted
{

Fig. 11. Fourth part of the Content Selection Sequence Diagram

As it can be seen, if there is insufficient content in the content database, the system
triggers GenAl generation. If there is already GenAl generation going on on the same listening
stream configuration, the system does not trigger generation again. There is a sophisticated
control system of GenAl triggering that will be best described with a state diagram, as in the
following figure.

15




genai_is_creating Flag - State Diagram

Initial state

| Idle

genai_is_creating = False
| genai_creating_since = NULL ;

Content sufficient
(no trigger needed)

Content insufficient or empty GenAl service completes
POST /create to GenAl service (sets flag to False)

p

| Generating ' Another /stream/start call
genai_is_creating = True while generating

\genai_creating_since = now() | (no re-trigger)

MNext /stream/start call
detects age = 30 min
and resets flag

GenAl process dies / timeout

|' ’ Stale '\'|

genai_is_creating = True ‘
| age = 30 minutes

,

Fig. 12. State diagram of triggering GenAl based on an “already creating” flag

The GenAl internal service’s endpoint is called with a secret key generated with
OpenSSL, which polls the operating system at /dev/urandom to get a true source of
randomness conjured up from noise from hardware interrupts and thermal jitter.

In between a call is made to the Streaming Service with the contents that are chosen for

streaming, and a proper response code is sent to the mobile user.

If the sequence diagram was hard to follow due to the inevitable complexity of the

low-level details given, the following activity diagram may serve as a higher-level human
readable overview of the content selection mechanism.
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®

Step 4b: Fallbacl_g)
\

e ™y
Find content with lowest listen_count
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€5 Found AND listen_count < 57 »12
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| return (content.id, False) | | return (None, needs_generation=True) |

Fig. 13. Activity diagram of the content selection mechanism

4.2.2 GenAl

The purpose of the GenAl module is to take a listening stream configuration, and both

generate and narrate content befitting the constraints. There are three main criteria that this
module should satisfy

Correctness: The content generated should use language correctly and satisfy the
listening stream configuration. The narration should contain minimal artifacts and the

pronunciation should be right.
Engagement:. The content generated should be interesting.
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- Novelty: When generating long stretches of content for the same configuration, do not
repeat yourself.
- Reasonable speed: We can make the user wait perhaps five minutes but not an hour.

Ensuring correctness is achieved with a mix of prompt engineering to instruct the LLM
model what vocabulary / grammar structures to use, and using a strong LLM model (like Claude
Opus). The GenAl module has been tested with local LLMs for now. Connection to a cloud LLM
is in the near future.

Engagement and novelty is related to LLM complexity and prompt engineering. The
GenAl module first instructs the LLM to generate a number of distinct subtopics, and then
injects these subtopics to further generations to diversify the content.

Reasonable speed is related to hardware capabilities. This criteria may be in tension
with the other ones as a stronger LLM means slowness but better correctness and the ability to
create engaging content.

The entry point of the GenAl module is the /create endpoint. We now add on to the
previous reports by showing the detailed code flow in a sequence diagram. The module is
implemented in seven different subservices: the generation service, the LLM client, the prompt
builder, the content processor, the narration service, the TTS service, and the S3 service. Since
the sequence diagram is quite large, it will be presented in parts. The diagram can be
downloaded here for a better viewing experience.

........

Fig. 14. First part of the GenAl sequence diagram

First, we authenticate the request. Every internal service request requires a secret key only
known by StreamLang modules. Then, the presence of config_id and user_id are checked.
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Fig. 15. Second part of the GenAl sequence diagram

The request format is validated and then genai_is_creating is set to True. The scheduling
mechanism checks this flag in order to avoid repeating generation requests for the same
configuration while a generation is already in progress. Also, genai_creating_since is set to now,
which allows us to reset the genai_is_creating flag if it has been True for an unreasonably long
time, indicating a crash / failure in the generation process.

If DEBUG_MODE == False, the request returns immediately with status 202 - indicating
generation is ongoing in a background daemon thread. If DEBUG_MODE == True, in order to
enable line-by-line execution with a debugger, the generation is done in a blocking manner.

Step 1: Load Generation Context

fref_audior(lang)_{voice).*

Fig. 16. Third part of the GenAl sequence diagram

The “generation context” which includes the vocabulary, grammar structures, the target
language and the native language of the user, description of the content and vocabulary are
loaded. Then, the reference audio files for the given languages required for Chatterbox TTS are
validated.
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e e |

Step 3: Units

e eaTioil

Step &: (LLM Call #0)

Fig. 17. Fourth part of the GenAl sequence diagram

The GenAl module plans “generation units” before diving into generating the content itself.
Every /create call tries to create and narrate 15 minutes of content for a given configuration.
First, a configuration may be a story, article, or individual sentences. The total number of units
(of a story, article or sentence) required to fit 15 minutes is determined.

There is a certain number of grammar points and vocabulary a certain type of content
can take. For example, it would be unreasonable for a single sentence to demonstrate 15
grammar structures. A 150 second story demonstrating 200 vocabulary would likewise be
unreasonable. Therefore, the limits of each content type is set as a constant, to enable
correctness. Then the grammar points and vocabulary of the configuration is fairly distributed
among the generation units. Then, a different subtopic is created via an LLM call for each single
unit. The prompt for subtopic generation emphasizes maximal variety, for purposes of novelty
and engagement.

"Generate exactly {num_topics} diverse scenario ideas for short {target_lang} language-learning
content.\n"
"{theme_line}\n"
"{vocab_line}\n"

"Each scenario must be clearly different from all others.\n"

"Output ONLY the scenarios, one per line, numbered 1 through {num_topics}.\n"

"Do not add any other text."
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GenAl Module - POST /create Endpoint
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Fig. 18. Fifth part of the GenAl sequence diagram

The above part of the diagram can be viewed here
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After validation and planning generation units, the GenAl module actually creates the
content. The content creation prompt, even though it changes slightly for each content type, has
the following pattern:

"LANGUAGE REQUIREMENTS (STRICTLY ENFORCED):\n"
"- The CONTENT lang target_lang}\n"
"- The TRANSLATION language is: {native_lang}\n"
- {target_lang} and {native_lang} are 0O DIFFERENT languages. The content and translation MUST NOT be in the same language.\n"

- Everything under [CONTENT] MUST b en entirely in {target_lang}.\n"

"- Everything under [TRANSLATION] MUST written entirely in {native_lang}.\n"

“\n"

"Generate exactly {batch_size} independent sentences in {target_lang} (NOT in {native_lang}).\n"

"{topic_line}\n"

"{desc_line}\n"

"{vdesc_line}\n"

“\n"

"Each sentence MUST use at least one of these vocabulary words (use the base/dictionary form where possible):\n"
_format_vocab_list(vocab_words)}\n"

"\n"

"Each sentence MUST demonstrate at least one of these grammar patterns:\n"

"{_format_grammar_list(grammar_descriptions)}\n"

s:\n"
ite natural, meaningful sentences a real person might say or read.\n"
"- Each sentence must be self-contained.\n"
"- Vary sentence structur en sentel
"- Try to use as many of th en vocabul ords and grammar patterns as you naturally can.\n"

“\n"

"After the {target_lang} sentences, translate each sentence into {native_lang}, in the same order.\n"
"\n"

at your response EXACTLY like this (no extra text):\n"
"[CONTENT]\n"

"Sentence 1.\n"

"Sentence 2.\n"

Too W\

"[TRANSLATION]\n"

"Translation 1.\n"

slation 2.\n"

After generating the contents, the translations are also generated. The necessary DB
insertions follow. This includes inserting the contents themselves and also new rows at relation
tables that connect which grammar / vocabulary is included in a certain content and also rows at
relation tables that connect a content to its translation. An important design decision is that
these DB manipulations are not committed to the database immediately. The reason is that
when we are narrating the content, if a problem occurs (and persists after several retries), we do
not want entries in our database without a narration and we want to rollback all the insertions we
did. That is what the sequence diagram demonstrates.
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GenAl Module - POST /create Endpoint

Core Backend Flask Ollama Chatterbox | | ffmpeg /
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ST e |
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Narration Flow (ref)
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[Cioop ) Thor each sentence,
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[l Contig i,
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[Contig FILE SAVE
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ucket, K

Bucket, Key, Body,
ContentType="audio/mp4*)

ed]
_NARRATION_RETRIES)

UPDATE content/translation
SET narration_length = total_duration

PostgresQL Ollama Chatterbox | | ffmpeg /

generation_service lim_client | | prompt_builder | | content_processor | | narration_service tts_service s3_service
(qwen2.5:7b) | | TTS Model | | ffprobe

Core Backend Flask
(caller) Icreate

Fig. 19. Sixth part of the GenAl sequence diagram
The final part of the GenAl sequence diagram can be viewed here.

After the narration of contents and DB insertions are done, we validate the length of the
narration created one last time and then set the genai_is_creating flag back to False. The
GenAl module is capable of both using a local LLM and a cloud provider; it is also capable of
both saving to a local file and saving to Cloudflare S2. The sequence diagram demonstrates the
final step of saving the audio file to local disk (for debugging purposes) after the important step
of converting the audio to AAC-LC inside an MP4 container for maximum mobile compatibility
using ffmpeg.

4.2.3 Frontend

The frontend, specifically the mobile application made using a combination of the Flutter
framework alongside some platform-native code. Our frontend follows the classic
tried-and-tested registration and login flows with the following possible actions:

e Registration: Registering a new account,
e |Login: Logging into an existing account,
e Password Reset: Sending a password reset request for a user.
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Henceforth here are the actual details worth describing.
I.  Tech Stack: As previously mentioned, we are using the Flutter framework. However to
accomplish our desired functionality, we are utilizing the following packages:

A. HTTP: The official library from the Flutter team to have http communications

B. Get: Get (or widely known as GetX) is a comprehensive library most known (and
used here) for its state management and localization abstractions.

C. Media Kit + Media Kit Video Libraries: These libraries are used for RTSP
playback. Although we only stream audio, the media kit audio libraries lack the
necessary http tunneling feature we require for NGINX compatibility with the
streaming service, hence we use the video library, but disable requests for video

when connecting.

<{  StreamlLang

GERMAN

B1 —)

v DRILL ROAMING
Grammer Structures:

v Plusquamperfekt Perfekt

v ARTICLE STORYTIME
PER_SENTENCE ~ Debug Narrator A

_. Debug Narrator B

Vocabulary

Topic
Fruits and vegetables

o D =Y

v

v

Import Vocabulary > Next

IIl.  Configuration Interface

The configuration interface has a lot of hours of work put in.
StreamLang had to use a single-page configuration interface
as:

1. If the user decided to change a previous setting, they
would have to go back one-by-one, limiting usability,

2. Due to an advanced level of customizability of
StreamLang, there are a lot of options. Separating them into
different pages would mean the user would have had to do the
consecutive “next” presses, which would lead to an increase in
frustration.

This design choice came with a crucial requirement: no-clutter.
To reduce clutter StreamLang uses a simple high-contrast
theme, and keeps its widgets standardized within the app.

Fig. 20. Stream configuration screen
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4.2.4 Content Categorization Module

1.

2
3.
4.
5

o

Client

The main logic and the use case of the content categorization module is done through a
batch job that is run periodically. This batch job does the following:

Separate content into sentences.
Populate sentences and sentence_sources tables.
Classify grammar points in sentences.
Add grammatical point relations to sentences.

Add grammar point relations to content of which the amount of grammar points in that
content passes a 5% threshold.
Tokenize sentences by vocabulary.
Check if vocabulary in a sentence matches the ones in the vocabulary table, if yes, add
those vocabulary to the sentence.
While this is a high-level overview of the process, the architectural definition of the batch job is
shown in a sequence diagram. This sequence diagram will be explored in several parts.

Flask Route
batch_job()

GET /batch_job

Batch Job Sequence

select(Content).all()

S

DB Session

Lemmatizer
lemmatize_sentence()

Sentence Segmenter
segment_sentences()

Grammar Analyzer
analyze_german_grammar()

contents

select(Vocabulary).all()

vocabs

Build vocab_ids_by_text map

loop

for each content]
Validate content.content_itself

segment sentences(content.content_itself)

segmented_sentences

select(SentenceSource)
where content_id = content.id

existing_sources

/Ifor each existing source]

get(Sentence, source.sentence_id)

existing_sentence

Build existing_by_order

content_sentences = []

Fig. 21. First part of the Content Categorization Sequence Diagram.

We have our client, database, sentence segmenter, grammar classifier, and lemmatizer
as different actors. Sentence segmenter segments a content into sentences, grammar classifier
returns a list of grammar for a sentence, and lemmatizer returns a list of lemmatized words for a
sentence. First of all, we fetch all entries in the content and vocabulary tables from the
database. Then, we create a dictionary of vocab ids and vocab text for efficient lookup later.
Next, we iterate through each content in a loop. Inside this loop, we first check if the content
actually has the text field. If not, we raise a ValueError. Next, we segment the content into
sentences using the sentence segmenter submodule. Next, we fetch existing sentence_sources
for the content, if there are any. In another loop, we loop through existing sentences for that
content, validating their fields, and building a dictionary existing_by order, mapping positional
order of sentences to their database records.
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loop [for each segmented sentence]

analyze_german_grammar(sentence_text)

grammar descriptions

select(GrammarPoint.id)
where description in grammar descriptions

grammar_point_ids

alt [sentence already exists for sentence_order]
Reuse existing sentencefsource

opt [duplicate rows for same order]

delete(extra SentenceSource)

delete(extra Sentence)

Tne existing sentence for sentence_order]
add(new Sentence)

flush()

sentence.id

add(new SentenceSource)

Update sentence_order
Update sentence.grammar_point_ids

Append to content sentences

Fig. 22. Second part of the Content Categorization Sequence Diagram.

After this, in another loop, we iterate over the segmented sentences, classify them by
their grammar points, and extract grammar_point_ids corresponding to obtained grammar
points. Then, we check if a sentence already exists in the current order position. If yes, we
reuse the first matching record and delete duplicate records. If not, we create new Sentence
and SentenceSource objects, linking them to the content, and add them to the database. Next,
we assign the identified grammar_point_ids to the sentence and track them in the
content_sentences list.

Ly
opt [stale existing rows remain]

loop _/ [for each remaining source/sentence pair]

delete(remaining SentenceSource)

delete(remaining Sentence)

Count grammar point presence across content_sentences
Keep grammar points with count / sentence_count >= 0.05

Update content.grammar_point_ids

select(Sentence).all()

sentences

loop / [for each sentence]
Validate sentence_order

select(SentenceSource)
where sentence_id = sentence.id

sentence_content

get(Content, sentence_content.content_id)

content

segment_sentences(content.content_itself)

segmented content sentences

actual_sentence = segmented[sentence_order - 1]

Fig. 23. Third part of the Content Categorization Sequence Diagram.

Next, we do a cleanup in the database for stale sentence records. Afterwards, we count
grammar points for a content across sentences, and keep the ones that pass the 5% threshold.
Finally, we update the grammar_point_ids field of the content with the grammar points that
passed the threshold. Next, we move on to the vocabulary matching part. First, we fetch
sentences in the database and validate them. Next, we fetch sentence_sources to find the origin
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content of the sentences. Then, we segment the content to obtain text of the sentences in the
content.

sssssss

200 {message: “Batch job completed successfully."}

Any exception during processing )

rollback(}

rolled back

error_response(strie), 500)

Client DB Session

f‘ij

Flask Route

Sentence Segmenter
batch_job()

segment_sentences()

Grammar Analyzer
analyze_german_grammar()

Lemmatizer
lemmatize_sentence()

Fig. 24. Fourth part of the Content Categorization Sequence Diagram.

Finally, we lemmatize the words in the sentences to obtain lemmas. Next, we match
existing vocabulary items with the lemmatized words. If there is a match, we update the
vocab _ids fields of sentences with the matching vocabulary we identified. Finally, we commit to
the database and return with a success message. In the case of an error, we rollback the
changes and return with an error message.

4.2.5 Streaming

The streaming module is a two server setup reverse proxied into a single address. The
first server is the Flask application responsible for internal and external API calls.

The Flask application currently only has one internal endpoint /internal/create-stream.
After being called, it first checks if the data format is valid, which should be a list of content IDs.
If not, the response is a 400 Bad Request with an error message. After validating that the
required data exists, it then checks every content ID to see if there is a corresponding audio file
for it using the Audio Location Service. If no audio exists for any given ID, the call fails and
returns a 404 Not Found response. Finally, after iterating through every ID, if there was no error,
it adds a stream to the Stream Store Service with the file content IDs for that stream, and
responds with 200 OK along with the stream ID in the body.
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Module

@internal_service_required

POST /create-stream (JSON payload)

alt

[Auth Rejected]

Error Response (401/403)

alt

[Auth Accepted]

create_stream() Handler

ServiceLocatorProvider lAudioLocationService

Proceed to handle request

[Validation Failed (No data or no ‘content_ids')]

400 Bad Request (Content IDs are absent)

get()

service_locator

get(lAudioLocationService)

audio_location_service

get(IStreamStoreService)

stream_store_service

Extract JSON data

alt

[Validation Failed (content_ids is not list)]

400 Bad Request (Content IDs is not an array)

Extract content_ids list

loop

alt

[For each content_id in content_ids]

[Audio does not exist]

404 Not Found (Content not found: {content_id})

audio_exists(content_id)

true/false

200 OK { "stream_id": stream_id }

add_stream(content_ids)

IStreamStoreService

stream_id

Module

@internal_service_required

create_stream() Handler ServicelLocatorProvider |AudioLocationService

Fig. 25. Sequence Diagram for /internal/create-stream

IStreamStoreService

The second server is an RTSP server using the GStreamer library. GStreamer is an
established open source multimedia framework [17] that handles the actual audio streaming
work, like loading the file, decoding it and sending data to the user. GStreamer is then wrapped
with Python code to read stream data from the Stream Store and stream their associated audio
files. The Python code used in GStreamer is made up of two classes: DynamicMountPoints and
StreamFileFactory:

The DynamicMountPoints is used to check if an RTSP request URL and the provided
stream ID is valid and forward and proceed to creating the pipeline using a file factory. If not, it
falls back to GStreamer’s default handling, which in this case returns a 404 response to the

client.
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RTSPClient

RTSP Server (Internal GstRtspServer) DynamicMountPoints.do_make_path(url) ServiceLocatorProvider

Connect to RTSP URL (e.g. /live/123e4567...)

do_make_path(url)

Check if url.abspath starts with <mount_point>/

alt [Path Matches Mount Prefix]
Extract stream_id string & parse to UUID
alt [Valid UUID Parse]
get().get(IStreamStoreService)
store_service
has_stream(stream_uuid)
» true / false
alt [Stream Exists]
P return mount_point (self.mount_point)
Connection Accepted (Proceed to Factory)
[Stream Does Not Exist]
P return None
. Connection Rejected (404 Not Found)
[Invalid UUID Parse (Exception)]
" return None
. Connection Rejected (404 Not Found)
[Path Does Not Match Mount Prefix]
GstRtspServer.RTSPMountPoints.do_make_path(url)
Fallback to default GStreamer handling
RTSP Server (Internal GstRtspServer) DynamicMountPoints.do_make_path(url) ServiceLocatorProvider
RTSPClient

Fig. 26. Sequence Diagram for DynamicMountPoints

StreamFileFactory is responsible for constructing the launch parameters for the specific

stream URL for GStreamer to create a streaming pipeline. It first loads the stream contents from

the Stream Store Service and checks if the audio files for them exist using the Audio Location
Service. If they do, it constructs the launch string and creates a GStreamer pipeline with it. If

not, it does nothing.
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GStreamer (Gst)

RTSP Server (Internal GstRtspServer) StreamFileFactory.do_create_element(urly ServicelLocatorProvider IStreamStoreService lAudioLocationService
do_create_elementiurl)
get()
service_locator
get(lAudioLocationService)
audio_location_service
get(IStreamStoreService)
stream_store_service
Extract stream_id from url.abspath
alt [Invalid Stream UUID or Not in Store]
return None (Drop Pipeline)
get_stream_contents(stream_uuid)
list of content_ids
alt [Empty contents list]
return None {Drop Pipeline)
loop [Every content_id]
get_audio_location(content_id)
audio_location
get_audio_location_type(content_id)
location_type (LOCAL_FILE or REMOTE)
alt [0 valid locations retrieved]
return None
[1 location retrieved]
Construct single file/http pipeline string
f"fsource_type} location={loc} ! decodebin ! ... ! rtpmp4apay”
[Multiple locations retrieved]
Construct concatenated pipeline string (concat name=c)
IAppend filesrc/souphttpsrc for each item and link to concat element
parse_launch(launch_str)
alt [GStreamer parse success]
GstElement (Pipeline)
U H oot SN S
return GstElement
RTSP Server starts streaming audio
[GStreamer parse fail]
Exception
U, H syl SN S
return None
RTSP Server (Internal GstRtspServer) StreamFileFactory.do_create_element(urly ServiceLocatorProvider IStreamStoreService |AudioLocationService

Fig. 27. Sequence Diagram for StreamFileFactory

GStreamer (Gst)
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5. Test Cases

5.1 Procedures for Software Test Engineers

You will notice that this section is short. That is because there is a single core use case of the
application: creating a listening stream based on a user configuration. StreamLang is not
designed around having a plethora of use-cases; it is designed around accomplishing one very
difficult use case excellently. By its nature, StreamlLang has only a few test cases.

Test Case 1: Account Registration - Success
e Test Type/Category: Functional
e Summary/Title/Objective: Verify successful creation of a new user account and
completion of the onboarding flow.
e Procedure of testing steps:
o 1. Open the mobile application.
2. Tap "Create Account".
3. Enter valid unique name, email, and payment details.
4. Verify a one-time magic link is sent to the email address.
5. Click the magic link to confirm the email.
6. Select a native language and a target language on the Onboarding page.
o 7. Confirm the user is directed to the Templates page.
e Expected results/Outcome: The user account is created, they are logged in, and
successfully complete the language selection, landing on the Templates page.
e Priority/Severity: Critical

o O O O O

Test Case 2: Account Registration - Invalid Email Format
e Test Type/Category: Functional
e Summary/Title/Objective: Verify the system rejects account creation with an improperly
formatted email address.
e Procedure of testing steps:
o 1. Open the mobile application.
o 2. Tap "Create Account."
o 3. Enter valid name, payment details, but use an invalid email format (e.g.,
"test@.com," "test@com").
o 4. Attempt to proceed with registration.
e Expected results/Outcome: The system displays an error message indicating invalid
email format and prevents registration.
e Priority/Severity: Major

Test Case 3: Account Registration - Existing Email Conflict
e Test Type/Category: Functional
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Summary/Title/Objective: Verify the system prevents account creation using an email
address already registered.
Procedure of testing steps:

o 1. Open the mobile application.

o 2. Tap "Create Account."

o 3. Enter valid name, payment details, and an email address known to be already

registered.

o 4. Attempt to proceed with registration.
Expected results/Outcome: The system displays an error message indicating the email
is already in use and prevents registration.
Priority/Severity: Major

Test Case 4: Account Registration - Weak Password

Test Type/Category: Security
Summary/Title/Objective: Verify the system enforces a minimum password strength
during registration.
Procedure of testing steps:
o 1. Open the mobile application.
o 2. Tap "Create Account."
o 3. Enter valid details, but use a password known to be weak (e.g., "123456" or
"password").
o 4. Attempt to proceed with registration.
Expected results/Outcome: The system displays an error message requiring a
stronger password.
Priority/Severity: Major

Test Case 5: User Login - Correct Credentials

Test Type/Category: Functional

Summary/Title/Objective: Verify a registered user can successfully log into their
account.

Procedure of testing steps:

o 1. Open the mobile application.

o 2. Enter a valid registered email and the correct password.

o 3. Tap "Login."

o 4. Verify the user is redirected to the main application interface (Templates page).
Expected results/Outcome: Login is successful, and the user is granted access to the
application.

Priority/Severity: Critical

Test Case 6: User Login - Incorrect Password

Test Type/Category: Functional/Security

Summary/Title/Objective: Verify login fails when using the correct email but an
incorrect password.

Procedure of testing steps:
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o 1. Open the mobile application.

o 2. Enter a valid registered email and an incorrect password.

o 3. Tap "Login."
Expected results/Outcome: The system displays an authentication error (e.g., "Invalid
credentials") and access is denied.
Priority/Severity: Major

Test Case 7: Password Reset - Request Flow

Test Type/Category: Functional

Summary/Title/Objective: Verify a user can successfully request a password reset for a
registered account.

Procedure of testing steps:

1. On the login page, initiate the Password Reset flow.

2. Enter a registered email address.

3. Submit the request.

4. Verify the application Ul shows a confirmation message (e.g., "Check your
email").

Expected results/Outcome: The password reset request is acknowledged, and the
system initiates the process of sending a reset link/code.

Priority/Severity: Major

O

o O O

Test Case 8: Stream Configuration - Vocabulary Selection

Test Type/Category: Functional
Summary/Title/Objective: Verify the user can select the desired vocabulary for their
stream configuration.
Procedure of testing steps:
o 1. Navigate to the stream configuration interface.
o 2. Locate the vocabulary selection option.
o 3. Insert the vocabulary you want in the listening stream.
o 4. Save the configuration and start streaming content.
Expected results/Outcome: The generated/selected content is tailored to include the
vocabulary included in the configuration.
Priority/Severity: Critical

Test Case 9: Stream Configuration - Grammar Structure Selection

Test Type/Category: Functional
Summary/Title/Objective: Verify the user can select specific grammar structures for
their stream configuration.
Procedure of testing steps:

o 1. Navigate to the stream configuration interface.

o 2. Locate the grammar structures selection option.

o 3. Select multiple specific grammar structures (e.g., "Past tense," "Accusative
case").
4. Save the configuration and start streaming content.

o
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e Expected results/Outcome: The generated content frequently includes sentences
demonstrating the selected grammar structures.
e Priority/Severity: Critical

Test Case 10: Stream Configuration - Drill Mode Activation
e Test Type/Category: Functional
e Summary/Title/Objective: Verify "Drill" mode functions to cycle sentences using
selected grammar structures.
e Procedure of testing steps:
o 1. Select several grammar structures in the configuration.
o 2. Select "Drill" mode.
o 3. Start the audio stream.
e Expected results/Outcome: The audio stream consists of sentences where every
sentence cycles through the selected grammar structures repeatedly.
e Priority/Severity: Major

Test Case 11: Stream Configuration - Content Type: Article
e Test Type/Category: Functional
e Summary/Title/Objective: Verify content generation/selection when "Article" content
type is chosen.
e Procedure of testing steps:
o 1. Select "Article" as the content type.
o 2. Start the audio stream.
e Expected results/Outcome: The content is streamed as a series of coherent stories.
e Priority/Severity: Major

Test Case 12: Stream Configuration - Content Type: Story
e Test Type/Category: Functional
e Summary/Title/Objective: Verify content generation/selection when "Story" content type
is chosen.
e Procedure of testing steps:
o 1. Select "Story" as the content type.
o 2. Start the audio stream.
e Expected results/Outcome: The content is streamed as a series of coherent stories.
e Priority/Severity: Critical

Test Case 13: Stream Configuration - Translation After Each Sentence
e Test Type/Category: Functional
e Summary/Title/Objective: Verify translation is provided immediately after each
sentence when configured.

e Procedure of testing steps:
o 1. Configure the stream to select "Individual sentences" content type.
o 2. Set the option to hear translations "after each sentence".
o 3. Start the audio stream.
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Expected results/Outcome: For every language learning sentence heard, the
translation in the native language follows immediately.
Priority/Severity: Major

Test Case 14: Listening State Persistence

Test Type/Category: Functional
Summary/Title/Objective: Verify that the user's listening state is recorded and resumed
upon re-opening a stream.
Procedure of testing steps:
o 1. Start listening to a stream template and stop at a specific time mark (e.g.,
03:00).
o 2. Close the stream/application completely.
o 3. Re-open the application and click on the same template.
o 4. Start listening again.
Expected results/Outcome: The stream loads and begins playing from the exact
position where the user stopped (e.g., 03:00).
Priority/Severity: Critical

Test Case 15: Streaming Scrubbing/Seeking

Test Type/Category: Usability/Performance
Summary/Title/Objective: Verify smooth and responsive seeking functionality within the
streamed audio content.
Procedure of testing steps:
o 1. Start a listening stream.
o 2. Use the progress bar/scrubber to quickly jump to several different points in the
audio.
Expected results/Outcome: Seeking is fast, accurate, and seamless, with no
noticeable delay or stuttering in audio playback.
Priority/Severity: Major

Test Case 16: Streaming Performance - No Stutters

Test Type/Category: Performance

Summary/Title/Objective: Verify the streamed audio plays smoothly without stutters or
interruptions.

Procedure of testing steps:

o 1. Start a listening stream over a stable network connection.

o 2. Let the stream play continuously for an extended period (e.g., 5 minutes).
Expected results/Outcome: The audio plays without any noticeable stuttering,
crashing, or delay, confirming a smooth user experience.

Priority/Severity: Critical
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5.2 Non-Functional Tests

5.2.1 Usability tests

e Session Caching: Verify that the necessary tokens are being successfully cached on the
user’s device to make authentication easier. Restart the application and confirm the user
is automatically logged in.

5.2.2 Performance Tests

e Non-Generative Response Time: Send several requests to endpoints that do not engage
the GenAl module, and ensure they respond within one second.

5.2.3 Reliability Tests

e Module Isolation: Simulate a crash or downtime in an independent subsystem. Verify this
does not lead to a totally unusable application.

e Database Rollback: Do an invalid operation to evaluate the database protections in
place. Confirm PostgreSQL’s checks work properly, and automatic roll back is functional
in case of data corruption.

5.2.4 Security Tests

e Internal Endpoint Security: Attempt to access internal backend APIs from an
unauthorized origin. Verify that external sources cannot access such endpoints.

5.2.5 Maintainability Tests

e Logging Verification: Ensure that all the subsystems log accurately, and their logs are
being saved properly. A successful result would have accurate timestamping and data
formatting, with traceable logs.
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6. Consideration of Various Factors in
Engineering Design

6.1 Constraints

StreamLang is affected by some non-technical factors. Those factors, together with their
level of effect (ranging from 0 to 10, 0 being non-affecting and 10 being maximum-affecting),
and our descriptions of how we determine those levels are shown in the table below.

Table |
Non-technical Factors

Factor

Level
of
Effect

Reason

Public
Health

2

StreamLang, as a mobile application, carries the same health risks as
any other mobile app. Those include hand injuries, vision
impairments, etc. However, unlike many other mobile apps,
StreamLang carries no addictive factor. Longer usage times are not
rewarded in any way, and as a learning app, it can’'t be described as
addictive. It also doesn’t induce stress through examinations or
competitiveness.

Safety

StreamLang is a language learning app that streams content scraped
from the internet. Theoretically, it is possible for the scraped content to
be biased, harmful, or misinformation. However, in our subsystems,
such content is audited by multiple LLMs. Thus, the risk is low. Other
than this, it is not possible to misuse StreamlLang to cause any harm.

Security

StreamLang holds user accounts and progress information in
databases. Thus, the breach of this data carries a security constraint.
Against this, we make use of known best practices for privacy and
security. The only way a security issue may occur is if a third-party
cloud provider we use causes it. As the app requires high compute
power and high storage, it is not economically viable for us to handle
those ourselves; we are taking a small risk by using cloud providers.

Welfare

StreamLang is a language learning platform. It provides a cheap,
efficient, customized, and accessible way of improving listening skills.
It applies to any age group with any previous knowledge, thus it
affects the language knowledge levels of people very positively.

Environment

As previously mentioned, StreamLang requires high compute power.
Especially for content scraping, content generation, and
text-to-speech, we are using heavy ML models. As a result, this
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computing power requirement has some negative environmental
impact.

Economic 4 Again, due to high computing power requirements and cloud
computing usage, our running costs affect the economic factor.
Furthermore, one may argue that the usage of StreamLang affects the
need for language courses, but we see our app as a supplement to
traditional language schools rather than a replacement.

We also have some technical constraints. With StreamlLang, we are aiming at the
average language learner. With the current market expectations, we need a responsive
cross-platform app with good UX design. We also need extensive search capabilities for the
backend, while also staying efficient. But alongside efficiency, we also need compatibility with Al
systems and ease of development.

As described in the table, for each of the non-technical constraints, we are taking several
measures. To reduce the negative health effects, we are making sure we are not promoting
excessive usage in any way. Users do not get rewarded as they use the app. Furthermore, they
may be prompted to wait and give a break if content generation is taking longer than usual.

To reduce the safety risk, we are employing several small LLM agents to audit streamed
content. We are also choosing our scraping sources carefully, among respected news sources,
etc. Furthermore, we allow users to give feedback to streams so any unsafe content can be
reported and manually removed.

To reduce the security risk, we are following best encryption/hashing/firewall practices.
We are also making sure that we do not store excessive data, and users are allowed to have
their data deleted via special requests.

To increase StreamlLang’s positive effect on public welfare, we are making sure the
language learning process is as effective as possible by allowing users to configure the streams
to their needs. Also, again during scraping, we are prioritizing texts that would accelerate
learning (i.e, texts from language learning books, news sources that use professional language,
etc.).

Lastly, to reduce the negative environmental and economic effects, we are again
following best practices to make optimizations on our algorithms. We prefer smaller LLMs and
ML models when sufficient, so we don’t waste unnecessary compute power. Unlike many
Al-based solutions present in the industry, we are abstaining from solving every single problem
using the largest, most expensive to run LLMs. We are only using high computing power when
we are required to do so.

To be able to solve the complex technical constraints, we chose a combination of
Python, PostgreSQL, and CloudFlare R2 Object Storage for the backend. Python, although
often not chosen for enterprise backend development, offers ease of development with
industry-standard packages available for Al integration. Also, even though Python can be more
computationally expensive than alternatives, being able to run on almost any environment
brings a significant advantage for deployment. Postgres offers fast relational storage, meaning it
allows us to store all user data in a single database with no performance limitations. CloudFlare
R2 offers fast, easy to set up and pay as you go object storage for our generated audio files,
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allowing us to distribute the audio files through a fast and reliable content delivery network while
keeping costs under control [13].

6.2 Standards

To ensure consistency and maintainability, the following standards are applied:

e REST API: The “REST API” standard is used for communication with and structuring the
backend services.

e System Modeling: All architectural modeling (including system design modeling) is
constructed using the UML 2.5.1 standard.

e Effective Dart: The mobile application codebase adheres strictly to the “Effective Dart”
style guide to ensure code clarity.

e Google Python Style Guide: The backend server modules strictly follow Google’s Python
style guide.

e |EEE 830-1998: Official project documentation employs the IEEE 830-1009 standard for
referencing styles.

e Markdown: Our internal documentation (including the API specifications) use the
markdown file format.

/. Teamwork Detalls

7.1 Contributing and Functioning Effectively on the
Team

Mehmet Emin Avgar

| implemented the content selection mechanism of the core backend and also the GenAl
module. In order to contribute effectively, | always tested my implementations before creating a
PR. | communicated frequently with my teammates so that we were on the same page about
how the implementation is going.

Rusen Ali Yilmaz

| designed and developed the mobile application part of the StreamLang frontend. For clear and
effective communication, | created the Frontend API specification, which effectively and
descriptively communicates the API specification to my other teammates. During the design and
development phases, | contributed to the initial architectural design of the project.

Uygar Bilgin

| designed and implemented the Content Categorization Module of StreamLang. During this
process, | frequently communicated with my teammates to decide what other modules required

39



from the Content Categorization Module, and vice versa. This allowed seamless integration of
the part | implemented and parts they implemented in the project.

Can Tlicer

| worked on the Core Backend, which includes API routes for user authentication management,
listening configuration management, etc. | also developed the Content Scraping Module, which
scrapes our decided sources for usable listening contents, parses texts, checks for user safety,
and makes the required updates so the text is ready for TTS. In parallel, | worked on the
architecture of our system, set up our Debian backend server, managed PostgreSQL server, R2
Object Storage, firewalls, and public domains. Lastly, | built our project website.

Goktug Ozan Demirtas

| was mainly responsible for the Streaming Module, and implemented all required functionality.
The SRS tracking implementation was also done by me along with some refactoring to make
code more maintainable. | also made quality of life changes in other parts of the codebase
whenever my eyes caught something that can be improved upon (like streamlining internal API
requests).

7.2 Helping Creating a Collaborative and Inclusive
Environment

Mehmet Emin Avsar
| called meetings often to foster a spirit of collaboration. When distributing work, | tried to be fair
and reasonable. | distributed the work evenly across my teammates to not exclude anyone.

Rusen Ali Yilmaz

Even though | work solo on the mobile application side of things, | always sought out feedback
and insights into design choices, and responded to criticism by improving the design and the
app wherever said criticism applied.

Uygar Bilgin

During my implementation process, | frequently sought feedback from my peers, with pull
request comments on Github being one example of this. We collaborated on different tasks we
required from each other during the implementation, for example designing a helper function for
a module one of my friends was implementing, which required using functions in the Content
Categorization Module.

Can Tiicer

| worked very closely with my teammates in every implementation phase. During the Core
Backend development, we had meetings to decide on the needs of the frontend, agreed on a
common API documentation, and worked on that. Again via meetings, | made sure the Content
Scraping module will address the needs of other modules, especially Emin’s generative Al
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module, since he will be using the scraped content directly. Lastly, before deciding on our Cloud
service stack, we decided on our budget and required hardware all together.

Goktug Ozan Demirtas

When developing the Streaming Module, | made sure to finalize as much as possible
with the rest of the team on things like the streaming protocol before actually getting work done.
If this was not possible, | communicated to anyone who may need to use the Streaming module
on changes or left ample documentation to facilitate easy use and/or testing of functionality. |
was always available for feedback when an internal API related or functionality related change
was necessary.

7.3 Taking Lead Role and Sharing Leadership on the
Team

Mehmet Emin Avsar

| created the maijority of the issues on our Github page with detailed descriptions of what needs
to be implemented, and how the different modules are going to connect with each other in our
long-term vision. Instead of designing everything myself, | shared the leadership role by
assigning people to design their own parts after explicating what is expected from them: for
example Goktug single-handedly designed the SRS functionality and Uygar designed the
content categorization module. Throughout these designs, we had frequent conversations over
PRs and the group chat to stay in sync.

Rusen Ali Yilmaz

| took the lead role for the mobile application. | took initiative to design and develop the frontend,
and by designing it early, it enabled me to write a clean API specification that the frontend
expected, well before the backend development had begun. I've also contributed heavily to the
architectural decisions, acting as a lead on the matter.

Uygar Bilgin

| worked as the main developer of the Content Categorization Module, making design choices

about what the module was going to provide and what function it was going to fulfill. During the
planning stages, we all worked as a group and gave input about the direction and architectural
design choices of our application.

Can Tiicer

| took the lead in Core Backend and Content Scraping modules. | made sure they run as
optimized as possible. | also followed the GitHub issues and pull requests relevant to those
modules, advised my teammates to make some changes, and followed the progress in other
modules to avoid any mismatch.

Goktug Ozan Demirtas
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| took charge in developing the Streaming Module and making all its design choices. |
researched and settled on what | believe to be an adequate streaming stack and server
architecture for the module. | also made what | believed to be necessary architectural
refactorings when implementing features in other parts of the codebase, like when implementing

SRS tracking.
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